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(54) INFORMATION PROCESSING METHOD, INFORMATION PROCESSING DEVICE AND MEDIA 

(57) The recording area of a recording medium is 
separated into a first region and a second region. The 
basic information among plural channels is recorded in 
the first region and the remaining subsidiary information 
is recorded in the second region. As the basic informa- 
tion, digital audio signals of at least the left center, right 
surround left, surround right and sub-woofer channels 
are recorded. As the subsidiary information, digital 
audio signals of at least the left center channel, right 
center channel, delayed center channel, mixed left 
channel and mixed right channel are recorded. If the 
information recorded in one of the regions is lost, it is 
reproduced using the information of the other region 
during subsequent reproduction, in addition, the digital 
audio signals of six channels (L, LC, C, SW, RC and R) 
among the digital audio signals of the eight channels (U 
LC. C, SW, RC, R, LB and RB). which digital audio sig- 
nals of the six channels are psychoacoustically more 
crucial than those of the remaining two channels, are 
compression encoded with a higher audibility conform- 
ing to the human acoustic sense, while the digital audio 
signals of the two channels (LB. RB) are encoded with a 
higher compression ratio. In this manner, compression 
encoding with higher sound quality may be achieved for 
the crucial sound, while avoiding the wasteful bit alloca- 
tion (wasteful byte allocation quantity). 



3 / 3 




5 5 




FIG.1C 



FIG.Id 



Primed by Rank Xerox (UK) Business Services 
2.13.5/3.4 




1 EP0 734 

Description 
TECHNICAL FIELD 

This invention relates to an information processing s 
method for encoding multi-channel digital audio signals 
employed in, tor example, a stereo sound system for a 
motion picture liim projection system, video tape 
recorder or a video disc player, or a so-called multi-sur- 
round acoustic system, and decoding the encoded data. 10 
The invention also relates to an apparatus for carrying 
out the information processing apparatus and a medium 
having the encoded data arrayed thereon. 

BACKGROUND ART T5 

There are a variety of techniques for high-efficiency 
encoding of audio data or speech signals, such as 
blocking frequency spectrum dividing system, known as 
transform coding, or a non-blocking frequency spectrum 20 
dividing system, known as sub-band coding. In the 
transform coding, digital audio data on the time domain 
is divided into time blocks, each of which is transformed 
into data on the frequency axis by orthogonal transform, 
and the resulting data on the frequency axis is further 25 
divided into plural frequency ranges for encoding from 
one frequency range to another. In sub-band coding, 
digital audio data on the time axis is divided into plural 
frequency ranges for encoding without dividing the time- 
domain digital audio data into time blocks. In a combina- 30 
tion of sub-band coding and transform coding, digital 
signals representing the audio signals are divided into a 
plurality of frequency ranges by sub-band coding, and 
transform coding is independently applied to each of the 
frequency ranges. 35 

Among known filters for dividing a frequency spec- 
trum into a plurality of frequency ranges is the quadra- 
ture mirror filter (QMF). as discussed in. for example, 
R E. Crochiere, Digital Coding of Speech in Sub-bands, 
55 BELL SYST TECH. J. N0.8 (1 976). The technique of 40 
dividing a frequency spectrum into equal- width fre- 
quency ranges is discussed in Joseph Rothweiler, Poly- 
phase Quadrature Filters- A New Sub-band Coding 
Technique, ICASSP 83 BOSTON. 

Among known techniques for orthogonal transform 45 
is the technique of dividing the digital input audio signal 
into frames of a predetermined time duration, and 
processing the resulting frames using a Fast Fourier 
Transform (FFT), discrete cosine transform (DCT) or 
modified DCT (MDCT) to convert the signals from the so 
time axis into the frequency axis. Discussion of a MDCT 
may be found in JP. Princen and A.B. Bradley, Sub- 
band/Transform Coding Using Filter Bank Based on 
Time Domain Aliasing Cancellation. ICASSP 1987. 

In a technique of quantizing the spectral coeffi- ss 
cients resulting from an orthogonal transform, it is 
known to use sub bands that take advantage of the psy- 
choacoustic characteristics of the human auditory sys- 
tem. In this, spectral coefficients representing an audio 
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signal on the frequency axis may be divided into a plu- 
rality of critical frequency bands. The widths of the criti- 
cal bands increase with increasing frequency. Normally, 
about 25 critical bands are used to cover the audio fre- 
quency spectrum of 0 Hz to 20 kHz. In such a quantiz- 
ing system, bits are adaptively allocated among the 
various critical bands. For example, when applying 
adaptive bit allocation to the spectral coefficient data 
resulting from MDCT, the spectral coefficient data gen- 
erated by the MDCT within each of the critical bands is 
quantized using an adaptively allocated number of bits. 

Among known adaptive bit allocation techniques is 
that . described in IEEE TRANS.ON ACOUSTICS, 
SPEECH AND SIGNAL PROCESSING, VOL ASSP- 
25. No.4 (1977 august) in which bit allocation is carried 
out on the basis of the amplitude of the signal in each 
critical band. In the bit allocation technique described in 
M.A. Krassner, The Critical Band Encoder-Digital 
Encoding of the Perpetual Requirements of the Auditory 
System, ICASSP 1980, the psychoacoustic masking 
mechanism is used to determine a fixed bit allocation 
that produces the necessary signal-to-noise ratio for 
each critical band. 

In high efficiency compression encoding system for 
audio signals, employing the above-mentioned sub- 
band coding, a system has already been put to practical 
use which compresses the digital audio signals (audio 
data) to about one-fifth by taking advantage of psycho- 
acoustic characteristics of the human auditory system. 
As the high efficiency encoding system of compressing 
the audio data to about one-fifth, there is known a so- 
called adaptive transform acoustic coding (ATRAC) sys- 
tem. 

In a stereo or multi-surround acoustic system, such 
as a motion picturer film projection system, a high defi- 
nition television, video tape recorder or a video disc 
player system, as in the usual audio equipment, the ten- 
dency is towards handling audio or speech signals over 
plural channels, such as four to eight channels. In these 
cases, it has ben desired to perform high efficiency cod- 
ing for reducing the bit rate. 

In professional application, above all, it is preferred 
to handle multi-channel digital audio signals, such that 
an equipment handling 8-channel digital audio signals is 
becoming popular. An example of such equipment han- 
dling the 8-channel digital audio signals is a motion pic- 
ture film projection system. On the other hand, with the 
stereo or multi-surround acoustic system, such as a 
high-definition television, video tape recorder or a video 
disc player, the tendency is similarly to handle multi- 
channel, such as 4 to 8 channel, audio or speech sig- 
nals. 

With the motion picture film projection system, han- 
dling the 8-channel digital audio signals, it is currently 
practiced to record digital audio signals on the motion 
picture film over 8 channels, that is a left-, left center-, 
center-, right center-, right-, surround left-, surround 
right- and sub-woofer channels. These eight channels, 
recorded on the motion picture film, are respectively 
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associated with a left speaker, a left center speaker, a 
center speaker, a right center speaker, a right speaker, 
a sub-woofer speaker, arranged towards a screen on 
which the picture reproduced from the picture recording 
area of the motion picture film is projected by a projec- 
tor, and a surround left speaker and a surround right 
speaker, arranged on the left and right sides of the 
spectators' seats. 

For recording the 8-channel digital audio signals on 
the motion picture film, it is difficult to acquire a region 
on the motion picture film for recording as many as eight 
channels of compressed digital audio signals (audio 
data) linearly quantized with 16 bits with the sampling 
frequency of 44.1 kHz, such as those for a compact disc 
(CD). 

On the other hand, a motion picture film as a 
recording medium is susceptible to surface scratches, 
so that it cannot be practically employed if the digital 
data as such is directly recorded thereon because of 
severe data dropout. Thus the roje of the error correc- 
tion code becomes crucial, such that it becomes neces- 
sary to effect data compression so that not only the 
digital data but the correction code can be recorded in 
the recording region on the film. However, since the 
coding for compression results in the human speech or 
the sound from a musical instrument being transmuted 
from the original sound, it necessary to take some 
measures for improving the sound quality for crucial 
sound, such as human speech, if the coding for com- 
pression is exploited in a recording format for a record- 
ing medium which is in need of faithful regeneration of 
the original sound, such as the above-mentioned 
motion picture film. 

Of course, the sound regeneration more faithful to 
the original sound, such as is described above, is 
required not only for recording speech data on the 
recording medium, such as the above-mentioned 
motion picture film, but also for recording speech data, 
encoded for data compression, on other recording 
media, such as a magnetic disc, magneto-optical disc, 
an optical disc, a phase-transition optical disc or a mag- 
netic tape. This applies to the case of recording picture 
data, encoded for compression, on the above-men- 
tioned recording media. 

Such faithful regeneration of the original speech or 
picture is also desirable when recording digital signals 
of the speech or picture on the above-mentioned vari- 
ous recording media without encoding for data com- 
pression. 

In view of the foregoing, it is an object of the present 
invention to provide a method and apparatus for 
processing the information capable of encoding and 
decoding with high sound or picture quality even if the 
speech or picture is not encoded for compression, and 
a recording medium having the encoded information 
recorded thereon. 
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DISCLOSURE OF THE INVENTION 

The present invention is proposed for achieving the 
above object and provides a method for processing the 
5 information including encoding the first digital informa- 
tion to be arrayed in plural regions proximate to informa- 
tion regions on a pre-set medium in which the second 
information is arrayed, and/or decoding the encoded 
first digital information arrayed in plural regions proxi- 
mo mate to regions on the pre-set medium in which the sec- 
ond information is arrayed. The first digital information 
has the pre-set basic information and the subsidiary 
information for completing the basic information. 

The present invention also provides a method for 
is processing the information for recording the information 
of plural channels on a recording medium, in which plu- 
ral recording regions of the recording medium are 
divided into a first region and a second region, the basic 
information among plural channels is recorded in the 
20 first region as the first digital information and the subsid- 
iary information is recorded in the second region as the 
second region. 

The first digital information includes the sound infor- 
mation, while the second information also includes the 
25 sound information. 

The basic information is the information of the fre- 
quency range lower than that of the subsidiary informa- 
tion and the subsidiary information is a requarrtized 
sample of the quantization error of the basic informa- 
30 tion. 

The pre-set medium includes a motion picture film, 
a disc-shaped recording medium or a communication 
network. 

The plural regions for the first digital information are 

35 those between perforations of the motion picture film, 
between the perforations on the same side of the film, 
those between the perforations and the edge of the 
motion picture frame and those between the perfora- 
tions of the motion picture film and the edge of the 

40 motion picture film and between the perforations. The 
basic information and the supplementary information 
are arrayed separately between one and the other rows 
of perforations. 

Wrth the information processing method of the 

45 present information, the multi-channel audio information 
is arrayed as the first digital information. 

The basic information among the plural channels is 
the audio information for the left, center and right chan- 
nels, while the supplementary information is the audio 

so information for the left center and right center channels. 
The supplementary information may include the infor- 
mation of the delayed center channel, obtained on 
delaying the center channel audio information, the infor- 
mation of the delayed mixed left channel, obtained on 

55 mixing the left channel audio information, left center 
channel audio information and the surround left channel 
audio information and delaying the mixed information, 
and the information of the delayed mixed right channel, 
obtained on mixing the right channel audio information, 
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right center channel audio information and the surround 
right channel audio information and delaying the mixed 
information. The recording medium employed in the 
recording method of the present invention is a film, the 
first region is a region between the film perforations and s 
the second region is a longitudinal film region. 

In the information processing method of the present 
information, the basic information and the supplemen- 
tary information is the high efficiency encoded informa- 
tion. In addition, in the information processing method of io 
the present information, the basic information and the 
supplementary information are time-domain or fre- 
quency-domain samples. Variable bit allocation is done 
for time-domain or frequency-domain samples of plural 
channels among different channels and total quantity of is 
bit allocation for the entire channels of the basic infor- 
mation and the supplementary information is rendered 
substantially constant. In addition, with the information 
processing method of the present invention, the scale 
factors for sample data"of the basic information are 20 
found from the scale factors and word lengths for the 
sample data of the basic information. In the information 
processing method of the present invention, a bit alloca- 
tion quantity to one of plural channels to which a bit 
quantity exceeding a pre-set constant reference quan- 25 
tity is allocated is resolved into a bit quantity portion of 
the basic information which is the bit apportionment not 
including channel bit allocation and not exceeding the 
reference quantity at most, and a bit quantity portion 
corresponding to the difference between bit apportion- 30 
ment including channel bit allocation as bit allocation of 
the subsidiary information and bit apportionment not 
including channel bit apportionment of the basic infor- 
mation, and variable bit apportionment is done to time- 
domain or frequency-domain samples of plural chan- 3$ 
nels from channel to channel. The sample data of bit 
allocation of the subsidiary information is given as a dif- 
ference between sample data obtained from bit appor- 
tionment including channel bit allocation and sample 
data obtained from bit apportionment not including 40 
channel bit allocation. 

In the information processing method of the present 
invention, the same quantization is carried out of sam- 
ple data in a small-sized block divided along time and 
frequency. For producing sample data in small-sized 45 
block divided along time and frequency, a pre-set block- 
ing frequency analysis consisting in carrying out fre- 
quency analyses for each of plural blocks consisting of 
plural samples is carried out during encoding and pre- 
set frequency synthesis consisting in carrying out fre- so 
quency synthesis for data processed with the blocking 
frequency analyses is carried out during decoding. For 
producing sample data in a mini-block divided along 
time and frequency, a pre-set non-blocking frequency 
analysis consisting in carrying out frequency analyses ss 
without blocking is performed during encoding and pre- 
set non-blocking frequency synthesis is performed on 
data processed with pre-set non-blocking frequency 
synthesis. The frequency bandwidth of the non-blocking 



frequency analyses is selected to be the same in at 
least two lower most bands and to be broader with 
increasing frequency in at least the highest frequency 
band. For the non-blocking frequency analyses, poly- 
phase quadrature filters or quadrature mirror filters may 
be employed. The blocking frequency analyses include 
modified discrete cosine transform. In the blocking fre- 
quency analyses, the block size is adaptively changed 
depending upon temporal characteristics of input sig- 
nals. Such change in block size is carried out independ- 
ently for each of at least two output bands of the non- 
blocking frequency analyses. 

In the information processing method of the present 
invention, the sum of bit allocation portions for the basic 
information and the bit allocation portions for the subsid- 
iary information for respective channels is changed 
depending on the maximum sample value or the scale 
factor of each channel. The channel-to-channel bit 
apportionment is changed with time changes in ampli- 
tude information of an energy value, a peak value or a 
mean value of information signals of each channel. 

An apparatus for processing the information 
includes encoding means for encoding the first digital 
information to be arrayed in plural regions proximate to 
information regions on a pre-set medium in which the 
second information is arrayed, and/or decoding means 
for decoding the encoded first digital information 
arrayed in plural regions proximate to information 
regions on a pre-set medium in which the second infor- 
mation is arrayed. The first digital information has the 
pre-set basic information and the subsidiary information 
supplementing the basic information. 

An apparatus for processing the information 
includes encoding means for encoding the first digital 
information to be arrayed in plural regions divided by 
information regions on a pre-set medium in which the 
second information is arrayed, and/or decoding means 
for decoding the encoded first digital information 
arrayed in plural regions divided by information regions 
on a pre-set medium in which the second information is 
arrayed. The first digital information has the pre-set 
basic information and the subsidiary information sup- 
plementing the basic information. 

In the information processing apparatus of the 
present invention, the first digital information contains 
the audio information, while the second information also 
contains the audio information. The basic information is 
the quantization samples or the information of lower fre- 
quency bands than those of the supplementary informa- 
tion. The supplementary information is the re-quantized 
samples of the quantization error of the basic informa- 
tion. 

The pre-set medium includes a motion picture film, 
a disc-shaped recording medium or a communication 
network. 

The plural regions for the first digital information are 
those between perforations of the motion picture film, 
between the perforations on the same side of the film, 
those between the perforations and the edge of the 
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motion picture frame and those between the perfora- 
tions of the motion picture film and the edge of the 
motion picture film and between the perforations. The 
basic information and the supplementary information 
are arrayed separately between one and the other rows 
of perforations. 

In the information processing apparatus of the 
present invention, the multi-channel information is 
arrayed as the first digital information. 

In the. information processing apparatus of the 
present invention, the basic information and the supple- 
mentary information are high-efficiency encoded infor- 
mation. The basic information and the subsidiary 
information are time-domain or frequency-domain sam- 
ples. Variable bit allocation is performed on the time- 
domain and frequency-domain samples of plural chan- 
nels. The apportionment of total bit allocation quantity of 
the bit allocation quantity for the basic information and 
the bit allocation quantity of the subsidiary information, 
summed together, to the entire channels, is set so as to 
be substantially constant. Meanwhile, the scale factors 
for sample data of the subsidiary information are found 
from the scale factors and word lengths of sample data 
of the basic information. 

In the information processing apparatus of the 
present invention, a bit allocation quantity to one of plu- 
ral channels to which a bit quantity exceeding a pre-set 
constant reference quantity is allocated is resolved into 
a bit quantity portion of the basic information which is 
the bit apportionment not including channel bit alloca- 
tion and not exceeding the reference quantity at most, 
and a bit quantity portion corresponding to the differ- 
ence between bit apportionment including channel bit 
allocation as bit allocation of the subsidiary information 
and bit apportionment not including channel bit appor- 
tionment of the basic information. Variable bit apportion- 
ment is done to time-domain or frequency-domain 
samples of plural channels from channel to channel. 
The sample data of bit allocation of the subsidiary infor- 
mation is given as a difference between sample data 
obtained from bit apportionment including channel bit 
allocation and sample data obtained from bit apportion- 
ment not including channel bit allocation. 

In the information processing apparatus of the 
present invention, the same quantization is carried out 
of sample data in a small-sized block divided along time 
and frequency. For producing sample data in the small- 
sized block divided along time and frequency,' the 
encoding means is provided with pre-set blocking fre- 
quency analysis means for carrying out blocking fre- 
quency analyses configured for performing frequency 
analyses for each block made up of plural samples, 
while decoding means has pre-set blocking frequency 
synthesis means for pre-set blocking frequency ana- 
lyzed data. For producing sample data in the small- 
sized block divided along time and frequency, the 
encoding means is provided with pre-set non -blocking 
frequency analysis means for carrying out non-blocking 
frequency analyses while decoding means has pre-set 



non -blocking frequency synthesis means for pre-set 
non-blocking frequency analyzed data. The frequency 
bandwidth for the non-blocking frequency analyses is 
set so as to be equal in at least two lowermost bands. 

5 Alternatively, the frequency width of the non-blocking 
frequency analysis is selected to be broader with 
increase in frequency in at least the highest frequency 
band. For the non-blocking frequency analyses, poly- 
phase quadrature filters or quadrature mirror f titers may 

io be employed. The blocking frequency analyses include 
modified discrete cosine transform. In the blocking fre- 
quency analyses, the block size is adaptively changed 
depending upon temporal characteristics of input sig- 
nals. Such change in block size is carried out independ- 

75 erttly for each of at least two output bands of the non- 
blocking frequency analyses. 

In the information processing apparatus of the 
present invention, the sum of bit allocation portions for 
the basic information and the bit allocation portions for 

20 ihe subsidiary information- for respective channels is 
changed depending on the maximum sample value or 
the scale factor of each channel. The channel-to-chan- 
nel bit apportionment is changed with time changes in 
amplitude information of an energy value, a peak value 

25 or a mean value of information signals of each channel. 
The encoding means of the information processing 
apparatus of the present invention includes memory 
means for separating, in each sync block, a bit alloca- 
tion sample group of the basic information allocating a 

30 bit quantity larger than a pre-set reference quantity for 
plural channels from the bit allocation sample group of 
the remaining subsidiary information of the bit allocation 
ample group of the basic information for plural channels 
for recording on the pre-set medium. In the information 

35 processing apparatus of the present invention, the bit 
allocation sample group of the basic information and the 
bit allocation sample group of the subsidiary information 
are alternately recorded in each channel. 

In the information processing apparatus of the 

40 present invention, the decoding means decode and 
reproduce the bit allocation sample group of the basic 
information for plural channels and the bit allocation 
sample group of the subsidiary information for plural 
channels taken out after recording on the pre-set 

45 recording medium in separation from each other in one 
sync block. The decoding means decode and repro- 
duce the bit allocation sample information of each chan- 
nel alternately recorded in each channel in one sync 
block and the bit allocation sample group of the subsid- 

50 iary information. The bit quantity larger than the pre-set 
reference quantity is allocated depending on whether 
the allocation bit quantity to the channel is larger than or 
equal to the reference quantity of the subsidiary infor- 
mation smaller than the pre-set reference quantity. 

55 With a medium of the present invention, the first 
digital information having the basic information and the 
subsidiary information completing the basic information 
is arrayed in plural regions excluding those for arraying 
the second information. The basic information and the 
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subsidiary information are the information encoded by 
the above-descrfoed method for processing the infor- 
mation. 

With the information processing method and appa- 
ratus of the present invention, the digital information is 
encoded, and the first digital information thus encoded 
is arranged in plural proximate regions and in plural 
regions divided by information regions in which the sec- 
ond information is arranged, so that the second informa- 
tion is related in its position with the first information on 
the medium. In addition, since the first digital informa- 
tion has not only the pre-set basic information but also 
the supplementary information of the basic information, 
the basic information can be encoded and decoded with 
high quality using the supplementary information. 

Also, according to the present invention, the first 
digital information contains the audio information, while 
the second digital information also contains the audio 
information, so that the present invention may be 
applied to a variety of applications handling the audio 
information. 

With the information processing method and appa- 
ratus according to the present invention, the basic infor- 
mation is quantized samples, while the supplementary 
information is re-quantized samples of the quantization 
error of the basic information, so that the signal-to-noise 
ratio in the encoding and decoding of the basic informa- 
tion may be improved. In addition, if the basic informa- 
tion is the information of the frequency band lower than 
that of the supplementary information, and rf the basic 
information is e.g., the audio information, the low fre- 
quency band which is crucial acoustically may be 
improved in quality. 

The pre-set medium may be a motion picture film, a 
disc-shaped recording medium or a communication net- 
work. If the pre-set medium is a motion picture film, the 
plural regions for the first digital information may be 
those between perforations of the motion picture film, 
between the perforations on the same side of the film, 
those between the perforations and the edge of the 
motion picture frame and those between the perfora- 
tions of the motion picture film and the edge of the 
motion picture film and between the perforations, in 
order to make effective utilization of the film regions 
other than the picture regions. In addition, by separately 
arraying the basic information and the supplementary 
information between perforations of one of the rows of 
the perforations and between perforations of the other 
row of perforations, the region for the basic information 
and the supplementary information may be secured, 
while the number of usable bits may be increased. 

According to the present invention, plural recording 
regions of the recording medium are divided into a first 
region and a second region, the basic information 
among the plural channels are recorded in the first 
region and the remaining supplementary information is 
recorded in the second regions. Thus, by employing the 
regions between film perforations as the first region and 
by employing the longitudinal region as the second 



region, the opposite side information may be used for 
regeneration even if one of the regions becomes 
depleted of the recorded information. 

Further, according to the present invention, by 

5 arraying the multi-channel audio information as the first 
digital information, compressing the information with the 
basic information and the supplementary information as 
the high efficiency encoded information, performing var- 
iable bit allocation for time-domain or frequency-domain 

io samples of the basic information and the supplemen- 
tary information among different channels and by set- 
ting the total bit allocation quantity for the total channels 
of the sum of the bit allocation quantity to the respective 
information data so as to be substantially constant, 

is effective bit utilization may be achieved. This may be 
realized by resolving the bit allocation quantity to the 
channels to which the bit quantity larger than a pre-set 
reference quantity is allocated into a bit quantity portion 
of the basic information which is the bit allocation not 

20 containing the channel brral location ndfexceeding a 
constant reference quantity at most and a bit quantity 
portion which is a difference between the bit allocation 
containing the bit quantity portion as the bit allocation 
for the supplementary information and the bit allocation 

25 not containing channel bit allocation of the basic infor- 
mation, and by performing variable bit allocation of 
respective samples of respective channels among dif- 
ferent channels. Meanwhile, the sample data concern- 
ing bit allocation to the supplementary information may 

30 be given as a difference between sample data resulting 
from bit allocation containing channel bit allocation and 
sample data resulting from bit allocation not containing 
channel bit allocation. The scale factor for sample data 
of the supplementary information is found from the word 

35 length and the scale factor for the sample data of the 
basic information. 

In addition, according to the present invention, the 
same quantization is effected of the respective sample 
data in a small-sized block divided as to time and fre- 

40 quency The sample data in the small-sized block may 
be obtained by performing pre-set blocking frequency 
analyses during decoding and by performing pre-set 
blocking frequency synthesis during decoding, while the 
sample data may also be obtained by performing pre- 

45 set non-blocking frequency analyses during encoding 
and by performing pre-set non-blocking frequency syn- 
thesis during decoding. According to the present inven- 
tion, the frequency bandwidth of the non-blocking 
frequency analyses may be equated in at least two 

so lower most frequency bands or may be set to be 
broader in at least the highest frequency range for 
matching to the hearing sense. For the non-blocking fre- 
quency analyses, polyphase quadrature filters or quad- 
rature mirror filters may be employed. The blocking 

55 frequency analyses include modified discrete cosine 
transform. In the blocking frequency analyses, the block 
size is adaptively changed depending upon temporal 
characteristics of input signals. Such change in block 
size is carried out independently for each of at least two 
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output bands of the non-blocking frequency analyses for 
enabling frequency analyses matched to input signal 
characteristics. 

In addition, bit allocation matched to input signal 
characteristics may be achieved by changing the sum of s 
the bit allocation portion for the basic information for the 
respective channels and that for the supplementary 
information depending upon the scale factor or the max- 
imum sample values of the respective channels, by 
changing the channel-to-channel bit allocation by time 
changes in the amplitude information of the energy val- 
ues of the information signal of respective channels or 
the peak or mean values thereof, or by changing the bit 
allocation for respective channels depending on time 
changes of the scale factors of the respective channels. 

Further, with the information processing apparatus 
of the present invention, each sync block is divided into 
a group of bit allocation samples of the basic informa- 
tion allocating the bit quantity larger than a pre-set refer- 
ence quantity for plural channels and a grouprof- 
remaining bit allocation samples of the supplementary 
information of the bit allocation sample groups of the 
basic information, and these sample groups are 
recorded by recording means on a pre-set recording 
medium. Recording of the bit allocation sample group of 
the basic information and the bit allocation sample 
group of the supplementary information is effected alter- 
nately for respective channels. In the information 
processing apparatus of the present invention, decod- 
ing means effect decoding and reproduction from the bit 
allocation samples of the basic information and the sup- 
plementary information recorded in separated state in 
one sync block of a pre-set medium. If the respective bit 
allocation sample groups are alternately recorded from 
channel to channel, the decoding and reproduction are 
effected in a similar manner. The decoding means 
detects a channel for which a bit quantity is larger than 
a reference quantity based on whether the bit allocation 
quantity to the channels is larger than or equal to a ref- 
erence quantity of the supplementary information which 
is smaller than a constant reference quantity. 

With the medium of the present invention, the infor- 
mation encoded in accordance with the information 
processing method and apparatus of the present inven- 
tion is arrayed for effective utilization of the arrayable 
region for improving the quality of the arrayed informa- 
tion. 

BRIEF DESCRIPTION OF THE DRAWINGS 

Fig.1 shows a motion picture film as an example of 
the medium of the present invention and the manner in 
which the first digital information and the second infor- 
mation are arrayed on the motion picture film. 

Fig.2 shows a speaker arrangement in an 8-chan- 
nel digital surround system. 

Fig.3 is a block circuit diagram showing a construc- 
tion of an illustrative example of a compression encod- 
ing circuit of an information processing apparatus for 
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carrying out the information processing method of the 
present invention, with the example being that in which 
bit apportionment among the channels is not carried 
out. 

Fig.4 is a block circuit diagram showing a construc- 
tion of an illustrative example of a compression encod- 
ing circuit of an information processing apparatus for 
carrying out the information processing method of the 
present invention, with the example being that in which 
bit apportionment among the channels is carried out. 

Fig.5 shows frequency and time division.of a signal 
for a compression encoding circuit. 

Fig.6 is a block circuit diagram showing an illustra- 
tive construction of an adaptive bit allocation circuit for 
finding bit apportioning parameters for multiple chan- 
nels in a compression encoding circuit. 

Fig.7 is a graph showing bit apportionment among 
plural channels in a compression encoding circuit. 

Fig.8 shows how to find parameters for bit appor- 
tionment in consideration of time characteristics of the 
information signals among plural channels. 

Fig.9 is a graph showing the relation between the 
amount of bit apportioned in accordance with bit appor- 
tionment (1) and tonality. 

Fig.10 is a graph showing the relation between the 
amount of bit apportioned in accordance with bit appor- 
tionment (1) and time rate of change. 

Fig.11 is a graph showing the noise spectrum for 
uniform apportionment. 

Fig. 12 is a graph showing a frequency spectrum of 
information signals and a noise spectrum due to bit 
apportionment for producing level-dependent acoustic 
effects. 

Fig. 13 is a block circuit diagram showing a con- 
struction of an adaptive bit allocation circuit for realizing 
a bit allocation scheme employing both the magnitude 
of information signals and the acoustically allowable 
noise spectrum. 

Fig.1 4 is a circuit diagram showing a construction of 
a circuit for finding the allowable noise level. 

Fig.1 5 is a graph showing an example of a masking 
threshold by the signal levels of the respective bands. 

Fig.1 6 is a graph showing the information spec- 
trum, masking threshold and the minimum audibility 
limit 

Fig.1 7 is a graph showing bit allocation dependent 
on the signal level for low-tonality information signals 
and bit allocation dependent on the acoustically allowa- 
ble noise level. 

Fig. 18 is a graph showing bit allocation dependent 
on the signal level for high-tonality information signals 
and bit allocation dependent on the acoustically allowa- 
ble noise level. 

Fig.19 is a graph showing the quantization noise 
level for low-tonality information signals. 

Fig.20 is a graph showing the quantization noise 
level for high-tonality information signals. 

Fig.21 is a graph showing bit apportionment for 
eight channels. 
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Fig.22 is a block circuit diagram showing an illustra- 
tive construction of a circuit for dividing the bit alloca- 
tion. 

Fig. 23 is a block circuit diagram showing an illustra- 
tive construction of an expansion decoding circuit for 5 
expansion decoding compression encoded digital audio 
signals of the respective channels. 

Fig.24 is a graph showing bit apportionment for five 
channels. 

Fig.25 is a block circuit diagram showing an illustra- to 
tive construction of a compression encoding circuit for 
compression encoding digital audio signals of respec- 
tive channels of an alternative embodiment. 

Fig.26 is a block circuit diagram showing an illustra- 
tive construction for determining bit apportionment for 75 
respective channels in the alternative embodiment of 
the compression encoding circuit 

Fig.27 is a block circuit diagram showing an illustra- 
tive construction of an expansion decoding circuit for 
expansion decoding* the' corfipression encocfed digital 20 
audio signals of the respective channels of the alterna- 
tive embodiment. 

Fig.28 shows a disc-shaped recording medium as 
an alternative example of a medium according to the 
present invention. 25 

BEST MODE FOR CARRYING OUT THE INVENTION 

Referring to the drawings, preferred embodiments 
of the present invention will be explained in detail. 30 

Fig.1 shows how the first digital information and the 
second information are recorded on a motion picture 
film 1 as an example of a recording medium according 
to a first embodiment of the present invention. 

The regions for the digital information as later 35 
explained include recording regions 4 defined between 
perforations 3 of a motion picture fOm 1. as shown in 
Fig. 1a, transversely aligned recording regions 4 
between the perforations 3 on both edges of the motion 
picture film 1 as shown in Fig. 1b, longitudinal recording 40 
regions 5 between the edges and the perforations of the 
motion picture film 1 as shown in Fig. 1c and recording 
regions 5 between the edges and the perforations of the 
motion picture film 1 and recording regions 4 between 
the perforations 3 of the motion picture film 1 as shown 45 
in Fig.ld. It is noted that the digital audio signals (audio 
data) as the basic information of the first digital informa- 
tion and the quantization error information or subsidiary 
information as the supplementary information are 
arrayed separately, for example, between the perfora- so 
tions 3 on one lateral side, e.g., on the right side, and 
between the perforations 3 on the opposite lateral side, 
e.g., on the left side, of the motion picture film 1. In the 
picture recording regions 2 are recorded pictures, that is 
picture frames, as the second information. 55 

In the present embodiment, the above-mentioned 
motion picture film 1 , for example, is employed as the 
recording medium. The first digital information recorded 
on the motion picture film 1 is the multi-channel sound 
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information, as an example. The channels in this case 
are associated with respective speakers of the digital 
surround system, as shown for example in Fig.2. That 
is, associated with the respective speakers are eight 
channels, namely a center (C) channel, a sub-woofer 
(SW) channel, a left (L) channel, a left center (LC) chan- 
nel, a right (R) channel, a right center (RC) channel, a 
left surround (LB) channel and a right surround (RB) 
channel. 

That is, referring to Fig.2, the respective channels 
are associated with a left speaker 106, a left-center 
speaker 104, a center speaker 102, a right-center 
speaker 105, a right speaker 107, a surround-left 
speaker 108. a surround-right speaker 109 and a sub- 
woofer speaker 103, arranged towards a screen 101, on 
which a picture reproduced from the picture recording 
regions 2 of the motion picture film is projected by a pro- 
jector 100. 

The center speaker 102, arranged at a center posi- 
tion on the side of the screen 101, outputs the playback 
sound of the audio data of the center channel. Thus it 
outputs the crucial playback sound, such as actors' or 
actresses' dialogue. The sub-woofer speaker 103 for 
outputting the playback sound by the audio data of the 
sub-woofer channel outputs the sound which is per- 
ceived as vibrations, such as the sound of explosion, 
rather than as the low-range sound. Thus, in many 
cases, the speaker 103 is effectively employed for 
scenes of explosion. The left speaker 106 and the right 
speaker 107, arranged on the left and right sides of the 
screen 101, respectively, output the playback sound by 
the audio data of the left channel and the playback 
sound by the audio data by the right channel for display- 
ing stereophonic effects. The left center speaker 104 
and the right center speaker 105, arranged between the 
center speaker 102 on one hand and the left and right 
speakers 106, 107 on the other hand, output the play- 
back sound by the audio data of the left center channel 
and the playback sound by the audio data of the right 
center channel and assist in the operation of the left and 
right speakers 106. 107, respectively. In a motion pic- 
ture theater having a large -sized screen and capable of 
holding a large number of guests, localization of the 
sound image tends to be unstable depending on the 
seat positions. Thus a more realistic sound image local- 
ization may be achieved by annexing the left center 
speaker 104 and the right center speaker 107. In addi- 
tion, the surround left speaker 108 and the surround 
right speaker 109. arranged for surrounding the specta- 
tors* seats, output the playback sound by the audio data 
of the surround left channel and the audio data of the 
surround right channel thus giving the spectators the 
impression of being wrapped in a reverberating sound, 
hand clapping or shout of joy. The above contributes to 
creation of a more stereophonic sound image. 

The information processing method of the embodi- 
ment illustrated herein is used for encoding/decoding 
the first digital information to be recorded on the record- 
ing regions 4 or the longitudinal recording regions 5 of 
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the motion picture film 1 employed as a recording 
medium. The information processing apparatus of the 
present embodiment is employed for carrying out the 
information processing method of the present invention. 

Referring to the drawings, the information process- s 
ing apparatus for carrying out the information process- 
ing method of the present invention is explained in 
detail. 

The information processing apparatus for carrying 
out the information processing method of the present io 
invention has a compression encoding circuit, shown in 
Figs.3, 4 and 25, and an expansion decoding circuit, 
shown in Figs.23 and 27. The compression encoding 
circuit is an encoding means for encoding the first digital - 
information recorded in plural regions, such as the 75 
recording regions 4 or the longitudinal recording regions 
5 of Fig.1 , arrayed in proximity to or on both sides of the 
picture recording region 2 comprised of picture frames 
of the motion picture film 1. On the other hand, the 
* - expansion decoding circuit is a decoding means for 20 
decoding the encoded first digital information from the 
motion picture film 1 in which there is pre-recorded the 
first digital information encoded by the compression 
encoding circuit. 

The compression encoding circuit shown in Rg.3 is 25 
now explained. 

In the compression encoding circuit, shown in 
Fig.3, an input digital signal is split by a filter bank into 
plural frequency bands and orthogonal-transformed 
from band to band to produce spectral data on the fre- 30 
quency axis. The resulting spectral data on the fre- 
quency axis are encoded using adaptively allocated bits 
for each critical band which takes into account the psy- 
choacoustic characteristics of the human auditory sys- 
tem as later explained. For higher frequencies, the 35 
critical bands are further divided into sub-bands. The 
widths of frequency division for the non-blocking 
method may naturally be of equal widths. In addition, 
. with the present embodiment, the block sizes (block 
lengths) are adaptively changed prior to orthogonal 40 
transform responsive to input signals, and block floating 
is performed for each critical band or each sub-band 
divided from the critical band for higher frequencies. 
The critical band is a frequency band that takes advan- 
tage of the psychoacoustic characteristics of the human 45 
auditory mechanism. A critical band is the band of noise 
that can be masked by a pure sound that can be 
masked by a pure sound that has the same intensity as 
the noise and has a frequency in the vicinity of the fre- 
quency of the noise. The width of the critical band so 
increases with increasing frequency of the noise. The 
entire audio frequency range of 0 Hz to 22 kHz can be 
divided into, for example, 25 critical bands. 

Referring to Rg.3. a PCM audio signal in the fre- 
quency range of 0 Hz to 22 kHz. for example, is supplied ss 
to an input terminal 10. The spectrum of the input signal 
is divided into frequency ranges of 0 to 1 1 kHz and 11 to 
22 kHz by a band-dividing filter 11, such as QMF. The 
signal in the range of 0 to 11 kHz is further divided by 
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another band-dividing filter 12. such as QMF, into a sig- 
nal in a range of 0 Hz to 5.5 kHz and a signal in a range 
of 5.5 kHz to 1 1 kHz. The signal in the range of 1 1 kHz 
to 22 kHz from the band-dividing filter 1 1 is supplied to 
a modified discrete cosine transform (MDCT) circuit 13, 
as an example of an orthogonal transform circuit The 
signal in the range of 5.5 kHz to 1 1 kHz from the band- 
dividing filter 12 and the signal in the range of 0 Hz to 
5.5 kHz from the band-dividing filter 12 are supplied to 
MDCT circuits 14 and 15. respectively. 

The MDCT circuits 13, 14 and 15 process the sig- 
nals of the respective bands from the band-dividing fil- 
ters 11, 12 with MDCT based upon the block sizes 
determined as described below by the block size deter- 
mining circuits 19, 20 and 21 associated with the 
respective bands. In this manner, the respective band 
signals are converted to spectral data in the frequency 
domain or MDCT coefficient data. 

The block size information as determined by the 
block determining circuits 19, 20 and 21 is supplied to 
adaptive bit allocation and encoding circuits 16. 17 and 
18, respectively, while being outputted at output termi- 
nals 23. 25. 27, respectively. 

On the other hand, outputs of the MDCT circuits 13, 
1 4 and 15 are supplied to adaptive bit allocation encod- 
ing circuits 16. 17 and 18. respectively, where the 
energy for the critical bands or. sub-bands further 
divided from the critical bands for the higher frequencies 
are found by calculating root mean squares of respec- 
tive amplitude values in the respective bands. Of 
course, the scale factors as later explained may be 
employed for the subsequent bit allocation, in which 
case new arithmetic-logical operations for finding the 
energy may be dispensed with thus resulting in saving 
of the hardware scale. The peak or mean values of the 
amplitude values may also be employed in place of the 
band-based energy. The spectral data in the frequency 
domain or MDCT coefficient data, obtained by MDCT 
operations by the MDCT circuits 13 to 15, are grouped 
for the critical bands or sub-bands divided further from 
the critical bands for higher frequencies, so as to be 
transmitted to the adaptive bit allocation encoding cir- 
cuits 16, 17 and 18, respectively. 

The spectral data or MDCT coefficient data are re- 
quantized, that is normalized and quantized, by the 
adaptive bH allocation encoding circuits 16, 17 and 18, 
depending on the above-mentioned block size informa- 
tion and the number of bits allocated for the critical 
bands or the sub-bands divided further from the critical 
bands for the higher frequencies. Data encoded by the 
adaptive bit allocation encoding circuits 16, 17 and 18 
are outputted at output terminals 22. 24 and 26, respec- 
tively. The adaptive bit allocation encoding circuits 16, 
1 7 and 1 8 also find the scale factor, that is a factor indi- 
cating which signal magnitude has been used as the 
basis for normalization, and the bit length information, 
that is an information indicating which bit length has 
been used for quantization. These two information data 
are also outputted at the output terminals 22. 24, 26. 
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The outputs of the output terminals 22 to 27 are 
combined together so as to be outputs of the respective 
compression encoding circuits. 

In the example of Fig.3. there is shown a construc- 
tion of a compression encoding circuit for encoding a 
digital audio signal of an optional channel among plural 
channels in case bit allocation is done independently for 
the respective channels. It is also possible to effect bit 
apportionment for the respective channels. 

The construction of a compression encoding circuit 
for encoding the digital audio signal of the optional 
channel in case bit apportionment is done among the 
plural channels for compression encoding is shown in 
Fig.4, in which the components other than the adaptive 
bit allocation encoding circuits 16, 17 and 18 are basi- 
cally the same as the corresponding components 
shown in Fig.3. 

In the compression encoding circuit shown in Fig.4. 
an illustrative example of the block sizes determined by 
the MDCT circuits 19 to 21 similar to those shown in 
Fig.3 is shown in Fig.Sa and 5b. Figs.Sa and 5b show 
the long orthogonal transform block size, that is the 
orthogonal transform block size for the long mode, and 
the short orthogonal transform block size, that is the 
orthogonal transform block size for the short mode, 
respectively. In the illustrative example of Fig.S, each of 
the three filter outputs has two orthogonal transform 
block sizes. That is. for the signal in the low frequency 
range of 0 Hz to 5.5 kHz and for the signal in the mid fre- 
quency range of 5.5 kHz to 1 1 kHz, the number of sam- 
ples in each block is equal to 128 as shown in Fig.Sa or 
equal to 32 as shown in Fig.Sb, when a long block size 
or a short block size is selected, respectively. On the 
other hand, for the signal in the high frequency range of 
1 1 to 22 kHz, the number of samples in each orthogonal 
transform block is set to 256 if the long block length as 
shown in Fig.Sa is selected, whereas, if the short block 
length is selected, as shown in Fig.Sb. the number of 
samples in each block is set to 32. In this manner, if the 
short block length is selected, the number of samples in 
the orthogonal transform block in each band is selected 
to be the same so that time resolution will be increased 
and the number of sorts of the windows used for block- 
ing will be decreased with increase in frequency. The 
block size information, indicating the block sizes as 
determined by the block determining circuits 19, 20 and 
21 in the illustrative example of Fig.4, is routed to the 
adaptive bit allocation encoding circuits 16, 17 and 18 
as later explained, while being outputted at the output 
terminals 23, 25 and 27. 

In the adaptive bit allocation encoding circuits 16, 
17 and 18 shown in Fig.4, the spectral data or MDCT 
coefficient data are re-quantized, that is normalized and 
quantized, depending on the block size information and 
on the number of bits allocated to the critical bands or 
the sub-bands further divided from the critical bands for 
higher frequencies. At this time, the adaptive bit alloca- 
tion encoding circuits 16. 17 and 18 check the channel 
bit apportionment among the different channels, that is 



the entire signals for the respective channels, for simul- 
taneously effecting bit apportionment of optimally adap- 
tively distributing the quantity of bits to the respective 
channels. The channel bit apportionment in such case 

5 is done based upon a channel bit apportioning signal 
supplied via a terminal 28 from an adaptive bit appor- 
tioning circuit as later explained. The data encoded in 
this manner are taken out via the output terminals 22, 
24 and 26. The adaptive bit allocation encoding circuits 

to 16. 17 and 18 also find the scale factor indicating the 
signal magnitude used as the basis for normalization 
and the bit length information indicating the bit length 
used for quantization. These information data are simul- 
taneously outputted at the output terminals 22, 24 and 

15 26. 

The outputs of the output terminals 22 to 27 are 
combined together so as to be recorded on the motion 
picture film 1 of the present embodiment or on a disc- 
shaped recording medium as later explained. The 
'20 recording is performed using ' a magnetic head or an 
optical head as recording means. 

Referring to Fig.6, an illustrative construction and 
an operation of an adaptive bit apportioning circuit for bit 
apportionment among the different channels are 
25 explained. In the embodiment of Fig.6, bit apportion- 
ment is done for eight channels in the same manner as 
for Fig.2. 

In Fig.6, common portions of the respective chan- 
nels are explained with reference to a channel 1 as an 

30 example. As for the remaining channels, the same refer- 
ence numerals are used and the corresponding descrip- 
tion is omitted for simplicity. An input information signal 
for this channel CH1 is supplied to an input terminal 31 
for the channel CH1. The terminal 31 corresponds to 

35 the terminal 29 shown in Fig.4. This input information 
signal is developed by a mapping circuit 32 from a sig- 
nal on the time domain to a signal on the frequency 
domain. If a filter bank is employed, time-domain sam- 
ples are produced as sub-band signals. On the other 

40 hand, if orthogonal transform is effected directly or after 
filtering, frequency-domain samples are produced. 

These samples are grouped by a blocking circuit 33 
into plural samples as units, if the filter bank has been 
used, plural time-domain samples are grouped as units, 

45 whereas, if orthogonal transform is applied directly or 
after filtering, plural frequency-domain samples are 
grouped as units. 

In the present embodiment, temporal changes of 
the MDCT time-domain input signals in the course of 

so mapping are calculated by a time change calculating 
circuit 34. 

The samples grouped into plural samples as units 
in the blocking circuit 33 are normalized by a normaliza- 
tion circuit 37. The scale factors, which are coefficients 
55 for normalization, are obtained by a scale factor calcu- 
lating circuit 35. The tonality value is also found by a 
tonality calculating circuit 36. 

The parameters thus found are used for bit appor- 
tionment in a bit apportionment circuit 38. If the number 
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of bits that represent MDCT coefficients and may be 
used for transmission or recording is 800 kbps for the 
entire channels, that is the above-mentioned eight 
channels, the bit apportionment circuit 38 of the present 
embodiment finds first bit apportionment including 5 
channel bit allocation, that is bit allocation for the basic 
information, and second bit apportionment not including 
channel bit allocation, that is bit allocation for the basic 
information. 

The technique of the first bit apportionment includ- 10 
ing channel bit allocation is now explained. Bit allocation 
is done adaptively in view of the distribution of the scale 
factors in the frequency domain. 

In such case, effective bit allocation may be 
achieved by effecting bit apportionment among the cfif- is 
f erent channels in consideration of the distribution in the 
frequency domain of the scale factors of the entire 
channels. Considering that the signal information data 
of plural channels are mixed in the same sound field as 
in the case of speakers to reach left and right ears of*a— so- 
listener, the masking effect may be assumed to operate 
on the sum of signals of the entire channels. Thus it is 
effective to perform bit apportionment so that the noise 
level of each channel will be equal for the same band, 
as shown in Figs.7A and 7H. One of the methods for 25 
achieving this is to perform bit allocation proportionate 
to the magnitude of the scaling factor index. That is, bit 
apportionment is achieved by the following equations: 

Bm = B*(ISFn)/S 30 

S * I(ZSFn) 

where Bm is the amount of bit allocation for each chan- 
nel, B is the amount of bit allocation for the entire chan- 35 
nets and SFn is a scale factor index and corresponds to 
an approximate logarithm of a peak value, q is the block 
floating band number in each channel, m is a channel 
number and S is the sum of scale factor indices of the 
entire channels. In Fig.7, only the charts for the chan- 40 
nets CH1 and CH8 are shown, while those for the 
remaining channels are not shown. 

In addition to the above, the bit apportionment cir- 
cuit 38 has a process of detecting time change charac- 
teristics of the signals of the respective channels for 45 
changing the channel-based amounts of bit allocation 
by these characteristics as indices. These indices indi- 
cating the time changes may be found by the following 
process. 

Assuming that there are eight channels, as shown so 
in Figs.8A to 8H, each of bit allocating time blocks, 
which are time units for bit allocation for information 
input signals of the respective channels, is divided tem- 
porally into four time sub-blocks, as time units for bit 
allocation, and peak values of the respective time sub- 55 
blocks are found. Bit distribution among the respective 
channels is done responsive to the magnitudes of the 
difference between the peak values of the respective 
sub-blocks when these peak values are changed from 
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smaller value to larger values. Assuming that C bits are 
available for this bit allocation in the eight channels, and 
that the magnitudes of the differences at the points of 
transitions from smaller to larger values in the respec- 
tive sub-blocks of the respective channels are denoted 
asa,b,c,&&I and g decibels (dB), the numbers of bits 
that may be apportioned are C*a/T. C*b/T t 

C*h/T . That is, the higher the rate of increase of the 

magnitude of the signal information of a given channel, 
the more the number of bits apportioned to such chan- 
nel. In Fig.8. only the channels CH1, CH2 and CH8 are 
shown, while the remaining five channels are not 
shown. 

The second bit apportionment scheme, not includ- 
ing the channel bit allocation, is now explained. 

As the second bit apportionment scheme, not 
including the channel bit allocation, the bit apportion- 
ment scheme comprising two bit apportionment 
schemes is explained. The second bit apportionment 
scheme-corresponds to the bit allocation procedure by 
the adaptive bit allocation encoding circuits 16 to 18 
shown in Fig.4. 

These two bit apportionment schemes are termed 
bit apportionment schemef!) and bit apportionment 
scheme(2). In the following bit apportionment scheme, 
the bit rates that can be used for the respective chan- 
nels are previously fixed for the respective channels. For 
example, a higher bit rate of 147 kbps is used for a 
channel handling the crucial sound, such as speech. On 
the other hand, 2 kbps at most is allocated for a channel 
which is not crucial, and 1 00 kbps is allocated for the 
remaining channels. 

The bit quantity employed for bit allocation scheme 
(1) is determined first of all. To this end, the tonality 
information of the spectral information of the signal 
information (a) and the time change information of the 
signal information (b) are employed. 

Turning now to the tonality information, the sum of 
the absolute values of the differences between adjacent 
signal spectral values divided by the number of the 
spectral signals is employed as an index. Expressed 
more simply, a mean value of the differences between 
the scale factor indices of the adjacent block-based 
scale factors for block floating is employed. The scale 
factor indices correspond to the logarithm of the approx- 
imate scaling factors. In the present embodiment, the 
number of bits to be used for bit apportionment scheme 
(1) is set to a maximum of 80 kbps and a minimum of 10 
kbps in association with the tonality-indicating value. 
The bits apportioned for the respective channels are 
herein set uniformly to 100 kbps for simplicity. 

The tonality is calculated by the following equation: 

T = (1/WLmax){SABS(SFn - 1)) 

where WLmax is the maximum value of the word length 
equal to 16. SFn is the index value for the scale factor 
corresponding to the logarithm of the approximate peak 
value, n is the block floating band number. 
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The number of apportioned bits and the tonality 
information T thus found are correlated with each other 
as shown in Rg.9. 

In addition, with the present embodiment the bit 
distribution ratio between the bit apportionment (1) and s 
at least one other bit apportionment to be annexed 
thereto depends on time change characteristics of the 
information signals. In the present illustrative embodi- 
ment, the peak values of the signal information of 
respective neighboring blocks are compared to one w 
another for each time interval obtained by subdividing 
the orthogonal transform time block size for finding the 
time area in which the amplitude of the information sig- 
nals rise steeply. The ratio of bit apportionment (bit divi- 
sion) is determined based upon the state or degree of is 
steep rise in the signal amplitude. 

The time rate of change is found by the following 
equations: 

Vt=XVm 20 

Vav = (1/Vmax)*(1/Ch)Vt 

where Vt is the sum of the changes from the smaller to 
the larger values of the peak values of the time sub- 25 
blocks of the respective channels, expressed in dB, and 
Vm is the largest one of changes from the smaller to the 
larger values of the peak values of the time sub-blocks 
of the respective channels, with the maximum value 
being limited to 30 dB and denoted as Vmax, expressed 30 
in dB. m denotes the channel number, Ch denotes the 
number of channels and Vav denotes a change from a 
smaller to a larger value of the peak value of the time 
sub-blocks in dB, averaged over the channels. 

The time rate of change Vav thus found and the 35 
quantity of bit apportionment (1) are correlated with 
each other as shown in Fig. 10. The number of appor- 
tioned bits of the bit apportionment scheme (1) is ulti- 
mately found by the following equation: 

40 

B= 1/2{Bf + Bt) 

where B. Bf and Bt denote the ultimate quantity of bit 
apportionment to the bit apportionment scheme (1), the 
quantity of apportioned bits as found from Tva and the 45 
quantity of apportioned bits as found from Vva. 

The bit apportionment (1) is the scale factor 
dependent bit apportionment in the frequency domain 
and in the time domain. 

Once the quantity of bits employed for bit apportion- so 
ment scheme (1) is determined in this manner, the bit 
apportionment scheme (2) for bits not used in the bit 
apportionment scheme (1) is determined. Various sorts 
of bit allocation are carried out. 

First, bits are uniformly allocated for the totality of ss 
sample values. 

Fig. 11 shows an example of the quantization noise 
spectrum for bit apportionment. In this case, uniform 
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noise level reduction is carried out for the entire fre- 
quency range. 

Second, frequency spectrum dependent and level 
dependent bit allocation is carried out for producing 
acoustic effects. 

Fig.12 shows an example of the quantization noise 
spectrum for bit allocation in this case. In the present 
example, bit allocation dependent on the spectrum of 
the information signals is performed. Bit allocation is 
performed so as to put emphasis on the low range side 
of the spectrum of the information signals for compen- 
sating the decreased masking effects in the low range 
as contrasted to the high range. This is based on asym- 
metry of the masking curve and puts more emphasis oh 
the low range in view of masking between neighboring 
critical bands. Thus the bit allocation is carried out so as 
to put more emphasis on the low range. 

Finally, the sum of the bit apportionment (1) and the 
values of bit allocation to be added to the bit apportion- 
ment (1) is found by the bit apportionment circuit 38 of 
Fig.6. 

In Figs. 11 and 12, S, NL1 and NL2 denote the sig- 
nal spectrum, the noise level caused by uniform alloca- 
tion to the totality of samples, and the noise level 
caused by bit allocation for producing an acoustic effect 
which is dependent on the frequency spectrum and the 
signal level. 

Another bit apportionment scheme not including 
channel bit allocation is now explained. 

The operation of the adaptive bit allocation circuit in 
this case is explained by referring to Fig.13. The magni- 
tudes of MDCT coefficients are found from block to 
block and routed to an input terminal 801. The MDCT 
coefficients supplied to the input terminal 801 are 
routed to a band-based energy calculating circuit 803. 
The band-based energy calculating circuit 803 calcu- 
lates the signal energy of each critical band and each 
sub-band divided from the critical band for higher fre- 
quency. The band energy calculated by the band-based 
energy calculating circuit 803 is supplied to an energy- 
dependent bit allocation circuit 804. 

The energy-dependent bit allocation circuit 804 per- 
forms bit allocation of producing the white quantization 
noise with the aid of a certain proportion, herein 100 
kbps. of the total number of usable bits from a total usa- 
ble bit generating circuit 802, herein 128 tops. The 
higher the tonality of the input signal, that is the more 
rough the spectrum of the input signal, the higher is the 
above proportion in the total number of bits, herein 128 
kbps. For detecting roughness or non-smoothness of 
the input signal spectrum, the sum of the absolute val- 
ues of the differences of the block floating coefficients of 
neighboring blocks is used as an index. Of the total 
number of bits, thus found, bit allocation is performed in 
proportion to the logarithmic values of the band-based 
energy values. 

A bit allocation calculation circuit 805. performing 
bit allocation in a manner dependent on the acoustically 
allowable noise spectrum, finds the allowable noise 
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level for each critical band, in consideration of the so- 
called masking effects, based upon the spectral data 
distributed according to the critical bands, and allocates 
bits obtained by subtracting the energy-dependent bits 
from the total usable bits for deriving the acoustically 
allowable noise spectrum. The energy-dependent bits 
and the acoustically allowable noise level dependent 
bits are summed together and used for re-quantizing 
the spectral data or the MDCT coefficient data. The 
number of bits used for re-quantization is allocated by 
the adaptive bit allocation and encoding circuits 1 6 to 1 8 
of Fig.4 (or Fig.3) to respective critical bands or sub- 
bands divided from the critical bands for higher frequen- 
cies. The data thus encoded is outputted via the output 
terminals 22, 24, 26 of Fig.4. 

Turning to details of the acoustically allowable noise 
spectrum calculating circuit in the acoustically allowable 
noise spectrum dependent bit allocation calculation cir- 
cuit 805, the MDCT coefficients produced by the MDCT 
- circuits -13;* 14 and 15 are routed to the acoustically 
allowable noise spectrum calculating circuit. 

Fig.14 shows, in a schematic block circuit diagram, 
an arrangement of a concrete embodiment of the allow- 
able noise calculating circuit, in which the frequency- 
domain spectral data from the MDCT circuits 13 to 15 
are supplied to an input terminal 521. 

The frequency-domain spectral data is transmitted 
to a band-based energy calculating circuit 522 in which 
the energies of the critical bands and the bands divided 
from the critical bands are found by calculating the sum 
total of squares of the amplitudes of the spectral compo- 
nents in the respective bands. The amplitude peak val- 
ues or mean values may also be employed in place of 
the signal energy in the respective bands. Each spectral 
component indicating the sum value of each of the 
respective critical bands, generally termed the Bark 
spectrum, is indicated as SB in Fig.15. In Fig. 15, 12 
bands B1 to B12 are shown as indicating the critical 
bands. 

It is noted that an operation of multiplying each 
spectral component SB by a pre-set weighting function 
for taking into account the effects of masking is per- 
formed by way of convolution. To this end. an output of 
the band-based energy calculating circuit 522, that is 
each value of the spectral component SB, is transmitted 
to a convolution filter circuit 523. The convolution filter 
circuit 523 is made up of a plurality of delay elements for 
sequentially delaying input data, a plurality of multipli- 
ers, such as 25 multipliers associated with the respec- 
tive bands, for multiplying outputs of the delay elements 
with filter coefficients or weighting functions, and an 
adder for finding the sum of the outputs of the respective 
multipliers. The masking means the phenomenon in 
which certain signals are masked by other signals and 
become inaudible due to psychoacoustic characteristics 
of the human aural sense. The masking effect may be 
classified into the time-domain masking effect produced 
by the time-domain audio signals and concurrent mask- 
ing effect produced by the frequency-domain signals. 



By this masking, any noise present in a masked portion 
becomes inaudible. In actual audio signals, the noise 
within the masked range is an allowable noise. 

By way of a concrete example of multiplication coef- 

5 ficients or filter coefficients of the respective multipliers 
of the convolution filter circuit 523, if the coefficient of a 
multiplier M for an arbitrary band is 1, outputs of the 
delay elements are multiplied by coefficients 0.15, 
0.0019, 0.0000086. 0.4, 0.06 and 0.007 at the multipli- 

10 ers M-1 , M-2, M-3. M+1 , M+2 and M+3, M being an arbi- 
trary integer of from 1 to 25, for performing convolution 
of the spectral components SB. 

An output of the convolution filter circuit 523 is 
transmitted to a subtracter 524 which is employed for 

is finding a level a corresponding to the allowable noise 
level in the convolved region. Meanwhile, the allowable 
noise level a is such a level which will give an allowable 
noise level for each of the critical bands by deconvolu- 
tion as will be described subsequently. The subtracter 

20 24 is supplied with an allowance function (a function 
representative of the masking level) for finding the level 
a. The level a is controlled by increasing or decreasing 
the allowance function. The allowance function is sup- 
plied from a (N - ai) function generator 25 as will be 

25 explained subsequently. 

That is, the level a corresponding to the allowable 
noise level is found from the equation (1): 



30 



a a S - (n - ai) 



where i is the number accorded sequentially to the criti- 
cal bands beginning from the lower side, n and a are 
constants where a > 0 and S is the intensity of the con- 
volved Bark spectrum. In the equation (1), (n - ai) repre- 
ss sents the allowance function. As an example, n = 38 
and a = -0.5 may be employed. 

The level a is found in this manner and transmitted 
to a divider 526 for deconvolving the level a in the con- 
volved region. By this deconvolution, the masking 
40 threshold is found from the level a. This masking thresh- 
old becomes the allowable noise level. Although the 
deconvolution necessitates complex arithmetic-logical 
steps, it is performed in the present embodiment in a 
simplified manner by using the divider 526. 
45 The masking threshold is transmitted via a synthe- 
sizing circuit 527 to a subtracter 528 which is supplied 
with an output of the band-based energy detection cir- 
cuit 522, that is the above-mentioned spectral compo- 
nents SB. The subtracter 528 subtracts the masking 
so threshold from the Bark spectrum SB for masking the 
portions of the spectral components SB lower than the 
level of the masking spectrum MS, as shown in Fig.15. 
The delay circuit 529 is provided (or delaying the Bark 
spectrum SB from the energy detection circuit 522 in 
55 consideration of the delay caused in respective circuits 
upstream of the synthesizing circuit 527 

An output of the subtracter 528 is outputted via an 
allowable noise correction circuit 530 at an output termi- 
nal 531 so as to be transmitted to a ROM, not shown, in 
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which the information concerning the number of the 
allocated bits is stored previously. The ROM outputs the 
information concerning the numb©- of allocated bits for 
each band, depending on an output of the subtraction 
circuit 528 supplied via an allowable noise correction 5 
circuit 530. The output is the level of a difference 
between the band-based energy and an output of the 
noise level setting means. 

The energy-dependent bits and the acoustically 
allowable noise level dependent bits are summed 10 
together and the corresponding allocation bit number 
information is transmitted via the terminal 28 of Fig.4 to 
the adaptive bit allocation and encoding circuits 1 6 to 1 8 
where the frequency-domain spectral data from the 
MDCT circuits 1 3 to 15 are quantized with the numbers 15 
of bits allocated to the respective bands. 

In sum, the adaptive bit allocation and encoding cir- 
cuits 16 to 18 quantizes the band-based spectral data 
with the numbers of bits allocated depending on the 
level of the difference between the output of the noise 20 
level setting means and the peak or energy values of 
the critical bands or the sub-bands further divided from 
the critical bands for higher frequencies. 

The synthesizing circuit 527 may also be designed 
to synthesize the masking threshold MS and data 25 
denoting the minimum audibility curve RC from the min- 
imum audibility curve generating circuit 532. The mini- 
mum audibility curve represents psychoacoustic 
characteristics of the hearing sense as shown in Fig.16. 
If the absolute noise level is lower than the minimum 30 
audibility curve RC, the noise becomes inaudible. The 
minimum audibility curve differs with the difference in 
the playback sound level even although the coding is 
made in the same manner. However, since there is no 
marked difference in the manner of the music entering 35 
the 16-bit dynamic range in actual digital systems, it 
may be presumed that, if the quantization noise of the 
frequency range in the vicinity of 4 kHz most perceptible 
to the ear is not heard, the quantization noise lower than 
the level of the minimum audibility curve is not heard in 40 
any other frequency range. Thus, if the recording/ repro- 
ducing device is employed so that the noise in the vicin- 
ity of 4 kHz is not heard, and the allowable noise level is 
to be obtained by synthesizing the minimum audibility 
curve RC and the masking spectrum MS, the allowable 45 
noise level may be up to the level indicated by hatched 
lines in Fig.16. In the present embodiment, the level of 4 
kHz of the minimum audibility curve is matched to the 
minimum level corresponding to e.g., 20 bits. In Fig.16, 
the signal spectrum SS is also shown. so 

Besides, the allowable noise correction circuit 530 
corrects the allowable noise level in the output of the 
subtracter 528 based on the information of the equi- 
loudness curve transmitted from a correction informa- 
tion outputting circuit 533. The equi-loudness curve is a ss 
characteristic curve concerning psychoacoustic charac- 
teristics of hearing sense, and is obtained by finding the 
sound pressures of the sound at the respective frequen- 
cies heard with the same loudness as the pure tone of 1 



kHz and by connecting the sound pressures by a curve. 
It is also known as an equal loudness sensitivity curve. 
The equi-loudness curve also delineates a curve which 
is substantially the same as the minimum audibility 
curve shown in Fig.16. With the equal-loudness curve, 
the sound in the vicinity of 4 kHz is heard with the same 
loudness as the sound of 1 kHz, even although the 
sound pressure is decreased by 8 to 10 dB from the 
sound of 1 kHz. Conversely, the sound in the vicinity of 
10 kHz cannot be heard with the same loudness as the 
sound of 1 kHz unless the sound pressure is higher by 
about 1 5 dB than that of the sound of 1 kHz. Thus it may 
be seen that the noise exceeding the minimum audibility 
curve (allowable noise level) preferably has frequency 
characteristics represented by a curve conforming to 
the equi-loudness curve. Thus it may be seen that cor- 
rection of the allowable noise level in consideration of 
the equi-loudness curve is in conformity to psychoa- 
coustic characteristics of the human aural sense. 

The above-described acoustically allowable noise 
level dependent spectral configuration is produced by 
bit apportionment employing a certain proportion of the 
total usable bits, herein 128 kbps. This proportion is 
decreased with increase in tonality of the input signal. 

The technique of bit quantity division between the 
two bit apportionment schemes is now explained. 

Returning to Fig. 13, the signal from the input termi- 
nal 801 fed with the output of the MDCT circuit is also 
fed to a spectrum smoothness calculating circuit 808 
where spectral smoothness is calculated. In the present 
embodiment, the sum of the absolute values of the dif- 
ferences between neighboring values of absolute val- 
ues of signal spectral components divided by the sum of 
the absolute values of the signal spectral components is 
calculated as indicating spectral smoothness. 

An output of the spectral smoothness calculating 
circuit 808 is also fed to a bit division ratio decision cir- 
cuit 809 where the bit division ratio between the energy 
dependent bit allocation and the acoustically allowable 
noise spectrum dependent bit allocation is found. In 
determining the bit division ratio, it is assumed that the 
larger the output value of the spectral smoothness cal- 
culating circuit 808, the lesser the spectral smoothness. 
Based on this assumption, bit apportionment is so 
made that more emphasis is put on the bit allocation 
dependent on the acoustically allowable noise spectrum 
than on the energy dependent bit allocation. The bit divi- 
sion ratio decision circuit 809 transmits control outputs 
to multipliers 811. 812 designed to control the propor- 
tions of the energy dependent bit allocation and the 
acoustically allowable noise spectrum dependent bit 
allocation. If the spectrum is smooth and an output of 
the bit division ratio decision circuit 809 assumes a 
value of 0.8 in order to put more emphasis on the 
energy-dependent bit allocation, an output of the bit 
division ratio decision circuit 809 to the multiplier 812 is 
set to 1-0.8 o 0.2. Outputs of the two multipliers are 
summed together by an adder 806 to give the ultimate 
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bit allocation information which is outputted at an output 
terminal 807. 

Figs.17,18 and Figs.19, 20 show the bit allocation 
and the corresponding quantization noise, respectively. 
Figs. 17 and 18 show the bit allocation for a smoother 
signal spectrum and for a signal spectrum exhibiting 
high tonality, respectively. In Figs. 17. 18, QS and QN 
denote the signal level dependent bit quantity and the 
acoustically allowable noise level dependent bit quan- 
tity, respectively. In Figs.19. 20, L, NS and NN denote 
the signal level, noise reduction by signal level depend- 
ent bit allocation and noise reduction by the acoustically 
allowable noise level dependent bit allocation, respec- 
tively. 

Referring first to Fig. 17 showing a smoother signal 
spectrum, the acoustically allowable noise level 
dependent bit allocation is useful for achieving a signal- 
to-noise ratio which is higher for the entire frequency 
range. However, smaller numbers of bits are used for 
lower and higher frequency ranges because of low sen- 
sitivity of the human ear to these frequency ranges. 
Although the quantity of bit allocation dependent on the 
signal energy level is small, more emphasis is put on the 
mid to low frequency ranges having high signal levels in 
order to produce a white noise spectrum. 

On the other hand, if the signal spectrum exhibits 
high tonality, as shown in Fig. 18, the signal energy level 
dependent bit allocation becomes prevalent, such that 
the decrease in the quantization noise is utilized for low- 
ering the noise of an extremely narrow band. The con- 
centration of the acoustically allowable noise level 
dependent bit allocation is less stringent. 

The sum of these two bi allocation sorts results in 
improved characteristics of a lone spectral input signal, 
as shown in Fig. 13. 

The first quantization and the second quantization 
are carried out in the following manner with the aid of 
the bit apportionment not including channel bit alloca- 
tion and the bit apportionment including channel bit allo- 
cation realized as described above. 

Reference is had to Fig.21. The channels among 
the eight channels to which bit allocation exceeding 147 
kbps is done by the bit apportionment including channel 
bit allocation are the channel CH1, channel CH3 and 
the channel CH7. 

Each channel for which the bit allocation including 
the channel bit apportionment exceeds 147 kbps is 
divided into a portion having a certain bit quantity, such 
as 128 kbps, as a maximum value, and a portion 
exceeding 128 kbps. 

Fig. 22 shows an illustrative construction of a circuit 
employed for this purpose. 

In the construction of Fig.22, respective samples of 
the bit apportionment scheme, in which the bit alloca- 
tion including bit apportionment exceeds 147 kbps. are 
subjected to normalization with respect to blocks for plu- 
ral samples, that is to block floating. At this time, the 
scaling factor as a coefficient indicating the degree of 
block floating is obtained. 



In Fig.22. an MDCT coefficient (MDCT sample) 
supplied via an input terminal 900 to a normalization cir- 
cuit 905 where block floating, that is block-based nor- 
malization, is carried out with plural samples as a unit. 

5 At this time, scaling factors are produced as coefficients 
indicating the extent of block floating. 

A first quantizer 901 of the next stage carries out 
quantization with each sample word length of the bit 
apportionment not including the channel bit allocation. 

to At this time, quantization by round-off is carried out for 
reducing the quantization noise. A quantized output of 
the first quantizer 901 is the basic information. 

Outputs of the normalization circuit 905 and the 
quantizer 901 are supplied to a different unit 902 where 

is the difference between the input and the output of the 
quantizer 901, that is a quantization error, is found. An 
output of the difference unit 902 is transmitted via a nor- 
malization circuit 906 to a second quantizer 903. 

The second quantizer 903 employs, from sample to 
sample. ~a word length of a difference between each 
sample word length of the bit apportionment including 
the channel bit allocation and each sample word length 
of bit apportionment not including the channel bit alloca- 
tion. The floating coefficient at this time is automatically 

25 determined from the word length and the floating coeffi- 
cient employed in the first quantizer 901. That is, if the 
word length employed in the first quantizer 901 is N bits, 
the floating coefficient employed in the second quan- 
tizer 903 is 2**N. 

30 The second quantizer 903 effects bit allocation 
including round-off in the same way as the first quan- 
tizer 901. A quantized output of the second quantizer 
903, that is the quantization error information from the 
first quantizer 901. is the supplementary information. 

35 Thus the bits of a channel to which bits exceeding 
1 47 kbps have been allocated by the channel bit appor- 
tionment including channel bit allocation are divided into 
a bit apportionment portion not more than 1 28 kbps and 
as close to 128 kbps as possible and a remaining bit 

40 appointment portion. 

The reason two thresholds of 128 kbps and 147 
kbps are provided is as follows. Since the remaining bit 
apportionment portion is also in need of the subsidiary 
information indicating the word length, 147 kbps is set 

45 as the minimum quantity which permits bit allocation of 
assuring a data region inclusive of the subsidiary infor- 
mation, rf the bit apportionment quantity including the 
channel bit allocation exceeds 128 kbps and is lower 
than 147 kbps. only the subsidiary information can be 

so written in the data portion exceeding 128 kbps, such 
that there is no room for writing the sample information, 
which would be meaningless. For this reason, the above 
value of 128 kbps is set so that, for such channel, bit 
apportionment not including the channel bit allocation 

55 will be smaller than 128 kbps and as close to 128 kbps 
as possible. 

As for the channel for which bit apportionment 
including the channel bit allocation is smaller than 128 
kbps, such channel bit allocation is directly employed. 
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As for the magnitudes of the components of the 
remaining bit apportionment portion, since the scale 
factor can be calculated from the word length and the 
scale factor of the bit apportionment (1). as shown in 
Fig.22. only the word length is required by the decoder. 

In this manner, rounded highly efficient quantized 
outputs may be produced by the quantizers 901 , 903. 

In a decoder, as a counterpart unit for the encoder 
of Fig.22, denormalization circuits 908. 907 are pro- 
vided for carrying out denormalization in connection 
with the operation carried out by the normalization cir- 
cuits 905, 906, respectively. Outputs of these denormal- 
ization circuits 908, 907 are summed together by an 
adder 904, a sum output of which is taken out at an out- 
put terminal 910. 

Fig.23 shows the construction of an expansion 
decoding circuit which is a counterpart device of the 
compression encoding circuit shown in Fig.4. The 
expansion decoding circuit of Fig.23 decodes the com- 
pression coded signal for one of respective "channels 
read out from the medium of the present embodiment 
by e.g., a magnetic head or an optical head as repro- 
ducing means. 

Referring to Fig.23, quantized MDCT coefficients 
for the respective bands are fed to input terminals 122, 
124 and 126 of the decoder, while the block size infor- 
mation and the information on adaptive bit allocation 
which have been employed are fed to input terminals 
123, 125 and 127. Decoding circuits 116. 117 and 118 
cancel bit allocation, using the information on the adap- 
tive bit allocation, and effects expansion and decoding 
using the block size information. 

IMDCT circuits 113. 114 and 115 convert the fre- 
quency-domain signal into the time-domain signal. The 
time-domain signals of the partial frequency ranges are 
decoded in IQMF circuits 112 and 111 into full-range 
signals. 

In the expansion decoding circuit, those fractions 
having the pre-set bit quantity, such as 1 28 kbps, as the 
maximum bit quantity and those fractions having the bit 
quantity exceeding 128 kbps in the channels where bit 
apportionment (1) with 128 kbps of bits or less including 
the channel bit allocation and bit apportionment (2) 
exceeding 147 kbps including the channel bit allocation 
are carried out are decoded by the decoding circuits 
1 16. 1 1 7 and 1 18. At this time, the two fractions of the 
channel bit apportionment (2) are decoded and subse- 
quently the respective samples are summed together to 
give highly accurate samples. 

As for the manner of arraying the resulting data of 
the respective channels, there are arrayed, in a sync 
block, 

(i) channels where apportionment of bits with less 
than 147 kbps, including the channel bit allocation, 
and 

(ii) the fractions of channels exceeding 147 kbps. 
including the channel bit allocation, in each of which 



a certain bit quantity, such as 128 kbps, is the max- 
imum, 

according to the channel sequence. Next, the fractions 

5 of channels exceeding 147 kbps. including the channel 
bit allocation, in each of which a certain bit quantity, 
such as 1 28 kbps. is exceeded, are arrayed in the chan- 
nel sequence. 

Although the number of channels is eight in the 

70 above-described embodiment it may also be five, in 
which case the channels in Fig.2 are comprised of a left 
center channel, a center channel, a sub-woofer chan- 
nel, a right channel, a surround left channel and a sur- 
round right channel. For these five channels, shown in 

15 Fig.24, the first quantization and the second quantiza- 
tion are carried out using the bit apportionment includ- 
ing channel allocation and bit apportionment not 
including channel bit allocation in the following manner. 
The bit allocation for the five channels may be per- 

so formed as shown in Fig.24. In the case of Fig.24, the 
channels among the eight channels in which bit appor- 
tionment exceeding 147 kbps is done by bit apportion- 
ment including channel bit allocation are channels CH1 
and CH3. The channels with smaller number of bits of 

25 bit allocation, such as channel CH 6 of Fig.24 or the 
channel 8 of Fig.21, may be exemplified by the above- 
mentioned sub-woofer channel. 

An illustrative construction of a modification of a 
compression encoding circuit effecting bit apportion- 

30 ment among respective channels is shown in Fig.25, in 
which only one channel is shown. 

In Fig.25, digital audio signals of only one channel 
among plural channels of the basic information are fed 
to an input terminal 301. 

35 The digital audio signals from the input terminal 301 
are temporarily stored in a buffer 302 from which data 
are taken out as data blocks each consisting of N points 
or N samples, with neighboring samples being over- 
lapped by 50%. The block-based data are transmitted to 

40 an orthogonal transform circuit 303 so as to be orthog- 
onal-transformed by the above-mentioned MDCT and 
modified discrete sine transform (MDST). 

The coefficient data from the orthogonal transform 
circuit 303 are compressed by a sub-band block floating 

45 point compression circuit 304. The coefficient data, that 
is the basic information, from the sub-band block float- 
ing point compression circuit 304, is fed via a terminal 
320 and terminals 320 for the respective channels 
shown in Fig.26 to a log spectrum envelope detection 

so circuit 322. while being also fed to an adaptive quantiza- 
tion circuit 305 along with the supplementary informa- 
tion, that is the subsidiary information (compression 
conversion coefficient information) from the circuit 304, 
such as the word-length information or scaling factors. 

55 The adaptive quantization circuit 305 is fed via a 
terminal 321 associated with each channel and via a 
terminal 321 of Fig.5 with the bit allocation information 
from a distribution determining circuit 323 which deter- 
mines the channel-to-channel bit apportionment based 
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upon the envelope information detected by a spectral 
envelope detection circuit 322. The adaptive quantiza- 
tion circuit 305 adaptively quantizes the subsidiary infor- 
mation and the coefficient data of each channel based 
upon the channel-to-channel bit apportioning informa- 
tion. The adaptive quantization circuit 305 outputs an 
adaptive quantization output (quantization conversion 
coefficient information) and the bit allocation informa- 
tion. These outputs of the adaptive quantization circuit 
305 are routed to the above-mentioned multiplex insert 
frame synchronization and error correction circuit 306. 

The multiplex insert frame synchronization and 
error correction circuit 306 multiplexes, for each chan- 
nel, the adaptively quantized coefficient data and the 
subsidiary information (quantization conversion coeffi- 
cient information) and the bit allocation information, 
adaptively quantized for each channel, and appends an 
error correction code to the multiplexed data, while 
processing the resulting data with insert frame synchro- 
nization for recording the data in e.g., the recording area 
4 of Fig.1. An output of the multiplex insert frame syn- 
chronization and error correction circuit 306 is the com- 
pression encoded output of each channel. 

An illustrative construction of an expansion decod- 
ing circuit as a counterpart device of the compression 
encoding circuit of Fig.25, is shown in Fig.27. in which 
only one channel is illustrated. That is, the expansion 
decoding circuit decodes the compression encoded dig- 
ital audio signal from each channel. 

In Fig.27, the high efficiency compression encoded 
digital audio signal is fed to an input terminal 210. This 
signal is processed with frame synchronization, demul- 
tiplexing and error correction for the first area by a frame 
synchronization demultiplexing error correction circuit 
211. 

The frame synchronization demultiplexing error cor- 
rection circuit 211 outputs the adaptively quantized 
quantization conversion coefficient information and the 
bit allocation information. The bit allocation information 
is routed to a quantization step size control circuit 213. 
The adaptive dequantization circuit 212 dequantizes the 
quantization conversion coefficient information based 
upon the quantization step information from the quanti- 
zation step size control circuit 213. The quantization 
compression conversion coefficients from the adaptive 
dequantization circuit 212 are fed to a sub-band block 
floating point expansion circuit 214. 

The subband block floating point expansion circuit 
2 1 4 performs an operation which is an inverse operation 
of that performed by the subband block floating point 
compression circuit 304 of Fig.25. An output of the 
expansion circuit 214 is transformed into N-point sam- 
ple data by an inverse orthogonal transform circuit 215 
which performs an inverse operation of that performed 
by the orthogonal transform circuit 303 shown in Fig.25. 
The N-point sample data are fed to a window overlap 
circuit 216 where the overlap is canceled for outputting 
PCM audio signals which are outputted at an output ter- 
minal 216. 



The above-described compression encoded digital 
audio signals of the respective channels are recorded 
on the motion picture film 1 shown in Fig.ld. That is, the 
compression- encoded digital audio signals of at least 

5 the left channel, center channel, right channel, surround 
left channel, surround right channel and the sub-woofer 
channel are recorded in the first regions 4 between the 
perforations 3 of Fig.ld. while the compression 
encoded digital audio signals of at least the left center 

;o channel, right center channel, mixed left channel, center 
channel and the mixed right channel are recorded in the 
longitudinal second region 5 of Fig.ld. The audio sig- 
nals of the multiple channels in their entirety are prefer- 
ably recorded with overlap in the first and second 

is regions. 

Thus, even if the motion picture film of the present 
embodiment is severed during editing thereof, the digital 
audio signals of the respective channels may be 
restored using the information recorded in the first 

20 regions 4 between neighboring perforations 3 or in the 
longitudinal second region 5. Above all. if the first 
regions 4, in which the basic information is recorded, is 
severed, data of the center channel, left channel, sur- 
round left channel, right channel and the surround right 

25 channel may be regenerated using data of the center 
channel, mixed left channel and the mixed right channel 
recorded in the second region. 

Although the motion picture film is given as a 
medium in the above-described embodiment, the disc- 

30 shaped recording media, such as an optical disc, mag- 
neto-optical disc, a phase-transition optical disc or a 
magnetic disc, or a tape-shaped recording medium, 
such as a magnetic tape, may also be employed as the 
recording medium of the present invention, in addition 

35 to the motion picture film. 

Recording on the disc-shaped recording medium is 
effected as shown for example in Fig. 28. That is, in 
Fig.28, a recording track 91 provided on an information 
recording area 92 on a disc 90 is divided into a record- 

40 ing area V for recording the second information and a 
recording area A for recording the first digital informa- 
tion. The second information recorded in the recording 
area V and the first digital information recorded in the 
recording area A may be exemplified by e.g., the picture 

45 information and the sound information, respectively. 

The recording medium of the present invention may 
also be a transmission medium, in addition to the 
recording medium as described above. An example of 
the transmission medium is a communication network. 

so in which case the communication frame is divisionally 
employed by the second information and the first digital 
information. In case of packet communication, for exam- 
ple, each packet is divided into the second information 
and the first digital information. If, in case of employing 

55 a transmission medium, bits are allocated among plural 
channels, bit allocation is done among communication 
packets and communication frames of plural channels 
corresponding to plural bands divided from the trans- 
mission frequency spectrum. 
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With the above-described information processing 
method of the present embodiment and the information 
processing apparatus of the present invention, since the 
first digital information is encoded and arranged in plural 
regions proximate to the information region in which the 
second information on the motion picture film 1, disc 90 
or on the communication network is arranged or in plu- 
ral regions on both sides of the information region in 
which the second information is arranged, the second 
information and the first digital information may be cor- 
related with each other as to the positions thereof on the 
medium. On the other hand, since the first digital infor- 
mation has not only the pre-set basic information but 
also the subsidiary information for the basis information, 
high-quality encoding or decoding of the basic informa- 
tion may be achieved using the subsidiary information. 

In addition, since both the first digital information 
and the second information of the present embodiment 
include the sound information, the present embodiment 
may be applied to a variety of equipment handling 
sound signals. 

With the above-described information processing 
method of the present embodiment and the information 
processing apparatus of the present invention, since the 
basic information is comprised of quantized samples, 
and the subsidiary information is comprised of the re- 
quantized samples of the quantization errors of the 
basic information, it is possible to improve the signal-to- 
noise ratio in encoding and decoding the basic informa- 
tion. Also, assuming that the basic information is the 
information of a lower frequency range than that of the 
subsidiary information, it is possible to improve the 
sound quality of the acoustically critical low frequency 
range signal if the basic information is e.g., the sound 
information. 

The pre-set medium may be a motion picture film, a 
disc-shaped recording medium or a communication net- 
work. If the pre-set medium is a motion picture film, the 
area of the motion picture film other than the picture 
recording area 2 may be effectively exploited by using 
the recording areas 4 between the perforations 3, trans- 
versely aligned recording areas 4 between the perfora- 
tions 3 on both sides of the film 1, longitudinal recording 
area 5 between the perforations 3 and the edge of the 
film 1, longitudinal recording area 4 between the film 
edge and the perforations 3 or the recording areas 4 
between the perforations 3 as plural regions for the first 
digital information. On the other hand, by separately 
arranging the basic information and the subsidiary infor- 
mation in the recording regions 4 between the perfora- 
tions 3 of one of the rows of the perforations 3 and in the 
recording regions 4 between the perforations of the 
other row of the perforations 3, it is possible to assure 
the region for the basic information and the region for 
the subsidiary information and to increase the amount 
of the recordable information. 

In addition, it is possible to make effective utilization 
of bits by arraying the multi-channel sound information 
as the first digital information, compressing the basic 



information and the subsidiary information as the high 
efficiency encoded information, variably allocating bits 
to time-domain samples and frequency-domain sam- 
ples of the basic information and the subsidiary informa- 

s tion among the different channels and by setting the 
total bit apportionment for the respective information 
data to the totality of the channels substantially con- 
stant This may be achieved by resolving the bit appor- 
tionment to channels to which more bits than a pre-set 

;o reference quantity are allocated into a bit quantity frac- 
tion for the basic information and a difference bit quan- 
tity fraction and by effecting variable bit allocation of 
various samples of the plural channels among the differ- 
ent channels. The bit quantity fraction for the basic infor- 

75 . mation is a bit apportionment not exceeding the pre-set 
reference quantity at most and the difference bit quan- 
tity fraction corresponds to the difference between the 
bit allocation for the subsidiary information including the 
channel bit allocation and the bit apportionment for the 

20 basic information not including the channel bit alloca-* 
tion. The sample data concerning the bit apportionment 
for the subsidiary information can be given as a differ- 
ence between sample data obtained from bit apportion- 
ment including channel bit allocation and sample data 

25 obtained from bit apportionment not including channel 
bit allocation, whilst the scale factor for sample data of 
the subsidiary information may be found from the word 
length and the scale factors for the sample data of the 
basic information. 

30 In the present embodiment, the same quantization 
is carried out for respective sample data in small-sized 
blocks sub-divided along time and frequency. The sam- 
ple data in the mini-block are produced by effecting 
blocking frequency analysis by orthogonal transform, 

35 such as MDCT, for each block composed of plural sam- 
ples, during encoding, and by blocking frequency syn- 
thesis by inverse orthogonal transform, such as IMDCT, 
during decoding. The sample data may also be 
obtained by effecting non-blocking frequency analysis 

40 by QMF during encoding and non-blocking frequency 
synthesis by IQMF during decoding. With the present 
embodiment, the frequency bandwidth of the non-block- 
ing frequency analysis may be equated for at least two 
lowermost bands and set so as to be broader with 

45 . increase in frequency for matching to the psychoacous- 
tic characteristics of the human auditory system. For the 
blocking frequency analysis, the block size is adaptively 
changed to e.g. a long mode or a short mode, and such 
change in the block size is effected independently for 

50 output frequency bands of at least two non-blocking fre- 
quency analyses for assuring frequency analyses con- 
forming to characteristics of the input signals. 

With the preset embodiment, bit allocation conform- 
ing to the characteristics of the input signal is achieved 

55 by changing the sum of the bit apportionment portion of 
the basic information of the respective channels and the 
bit apportionment portion of the subsidiary information 
in dependence upon the maximum sample magnitude 
or the scaling factors of the respective channels, chang- 
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ing the channei-to-channel bit apportionment by chang- 
ing the time change of the channel-to-channel scaling . 
factors for changing the channel-to-channel bit appor- 
tionment or by changing the time change of the chan- 
nel-to-channel scaling factors for changing the channel- 
to-channel bit apportionment 

With the information processing apparatus of the 
present embodiment each sync block is divided into a 
group of samples of the bit apportionment of the basic 
information apportioning the bit quantity exceeding a 
pre-set reference quantity for plural channels and 
another group of samples of bit apportionment of the 
remaining subsidiary information and the information 
thus split is recorded, occasionally alternately on the 
pre-set medium by a magnetic head or an optical head 
as recording means. The expansion decoding circuit of 
the information processing apparatus of the present 
embodiment is designed to effect decoding and repro- 
duction from the bit allocation sample groups of the 
basic information and subsidiary information recorded 
in separation from each other in one sync block on the 
pre-set medium so that the bit allocation sample groups 
may be decoded and reproduced even if these sample 
groups are alternately recorded on the channel basis. It 
is possible with the decoding means to detect the chan- 
nel having a bit quantity exceeding the pre-set reference 
quantity since the bit apportionment quantity to the 
channel is set so as to be larger than or equal to the ref- 
erence quantity of the subsidiary information smaller 
than the pres-set reference quantity. 

With the medium of the present embodiment, the 
information encoded by the information processing 
method or the information processing apparatus of the 
present invention are arrayed and the area utiiizable for 
such arraying is effectively utilized for improving the 
quality of the arrayed information. 

It is seen from above that, with the information 
processing method and apparatus of the present inven- 
tion, since it is possible to encode the first digital infor- 
mation and the encoded first digital information is 
arrayed in plural regions proximate to the information 
region on the pre-set medium in which the second infor- 
mation is arrayed and in plural regions on both sides of 
the information area in which the second information is 
arrayed, the second information and the first digital 
information may be correlated as to the position thereof 
on the medium. On the other hand, since the first digital 
information has not only the pre-set basic information 
but also the subsidiary information of the basic informa- 
tion, it becomes possible to effect encoding and decod- 
ing of the basic information using the subsidiary 
information with high quality. 

On the other hand, since the first digital information 
contains the sound information, and the second infor- 
mation also has the sound information, the present 
invention may be applied to a variety of equipment han- 
dling the sound. 

With the information process ng method and appa- 
ratus of the present invention, since the basic informa- 



tion is the quantized sample and the subsidiary 
information is the re-quantized sample of the quantiza- 
tion error of the basic information, it is possible to 
improve the signal-to-noise ratio in the encoding and 
5 decoding of the basic informatioa In addition, if the 
basic information is e.g., the sound information, the low 
frequency range which is acoustically crucial if the basic 
information is the sound information may be improved in 
quality! 

io The pre-set medium may be a motion picture film, 
disc-shaped recording medium or a communication net- 
work. If the pre-set medium is a motion picture film, the 
plural regions for the first digital information may be 
regions between different perforations, between aligned 

is perforations on both sides of the film, between the per- 
forations and the film edge, between the perforations 
and the film edge and between perforations, for effec- 
tively utilizing the regions excluding the picture record- 
ing regions of the motion picture film. In addition, the 

20 regions for the basic information and the subsidiary 
information may be obtained by separately arranging 
the basic information and the subsidiary information 
between perforations of one of the rows of perforations 
and between perforations of the other row of perfora- 

25 tions. 

In addition, according to the present invention, 
effective bit utilization may be achieved by arraying the 
multi-channel sound information as the first digital infor- 
mation, compressing the basic information and the sub- 
so sidiary information as the high -efficiency encoding 
information, variably apportioning bits for time-domain 
or frequency-domain samples of the basic information 
and the subsidiary information among plural channels 
and by setting the total bit apportionment quantity for 
35 the entire channels of the sum of the bit allocation quan- 
tities for the respective information data so as to be sub- 
stantially constant This may be achieved by resolving 
the quantity of bit apportionment the channels, to which 
a bit quantity exceeding a pre-set reference quantity is 
40 to be apportioned, into a bit quantity portion of the basic 
information which is the bit allocation not including 
channel bit allocation not exceeding a pre-set constant 
quantity at most, and a bit quantity portion equal to a dif- 
ference between the bit apportionment not including the 
45 channel bit allocation of the basic information and bit 
apportionment including channel bit allocation bit as bit 
apportionment for the subsidiary information, and by 
effecting variable bit apportionment of the samples of 
the plural channels among different channels. The sam- 
50 pie data concerning bit allocation to the subsidiary infor- 
mation may be given as the difference between sample 
data derived from bit apportionment including channel 
bit allocation and sample data derived from bit appor- 
tionment not including channel bit allocation, while scale 
55 factors for sample data of the subsidiary information 
may be found from the word length and the scaling fac- 
tors for the sample data of the basic information. 

In addition, according to the present invention, the 
same quantization is carried out for sample data within 
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the small -sized blocks divided along time and fre- 
quency. The sample data in the mini-blocks are pro- 
duced by effecting pre-set blocking frequency analyses 
for each block made up of plural samples during encod- 
ing and by effecting pre-set blocking frequency-synthe- 
sis during decoding. Alternatively, the sample data in 
the small-sized blocks may be produced by effecting 
pre-set non-blocking frequency analyses during encod- 
ing and by effecting pre-set blocking frequency synthe- 
sis during decoding. The frequency width for non- 
blocking frequency analyses may be equated for at 
least two lowermost frequency bands or set so as to be 
broader with increase in frequency in at least the high- 
est frequency band for optimum matching to the hearing 
sense. For non-blocking frequency analyses and for 
blocking frequency analyses, polyphase quadrature fil- 
ter or the quadrature mirror filter and the modified dis- 
crete cosine transform may be employed, respectively. 
For blocking frequency analyses, the block size may be 
adaptively changed depending on the time characteris- 
tics of the input signal. The block size may be changed 
independently for each of the output bands of at least 
two non-blocking frequency analyses for achieving fre- 
quency analyses suited to characteristics of the input 
signals. 

According to the present invention, bit allocation 
conforming to the characteristics of the input signal is 
achieved by changing the sum of the bit apportionment 
portion of the basic information and the bit apportion- 
ment portion of the subsidiary information to the respec- 
tive channels in dependence upon the maximum 
sample magnitude or the scale factors of the respective 
channels, changing the channel-to-channel bit appor- 
tionment by time changes of the amplitude information 
of peak or mean values or energy values of information 
signals of the respective channels or by changing the 
time change of the channel-to-channel scaling factors 
for changing the channel-to-channel bit apportionment 

With the information processing apparatus of the 
present embodiment, each sync block is divided into a 
group of samples of the bit apportionment of the basic 
information apportioning the bit quantity exceeding a 
pre-set reference quantity for plural channels and 
another group of samples of bit apportionment of the 
remaining subsidiary information, and the information 
thus split is recorded, occasionally alternately, on the 
pre-set medium by a magnetic head or an optical head 
as recording means. The expansion decoding circuit of 
the information processing apparatus of the present 
embodiment is designed to effect decoding and repro- 
duction from the bit allocation sample groups of the 
basic information and the subsidiary information 
recorded in separation from each other in one sync 
block on the pre-set medium so that the bit allocation 
sample groups may be decoded and reproduced even if 
these sample groups are alternately recorded on the 
channel basis. It is possible with the decoding means to 
detect a channel having a bit quantity exceeding the 
pre-set reference quantity allocated thereto since the bit 



apportionment quantity to the channel is set so as to be 
larger than or equal to the reference quantity for the 
subsidiary information smaller than the pres-set refer- 
ence quantity. 

s It is seen from above that, according to the present 
invention, the recording region of the recording medium 
is divided into a first region and a second region, and 
the basic information of plural channels is recorded in 
the first region, whilst the remaining subsidiary informa- 

ro tion is recorded in the second region. If the region 
between the film perorations is the first region and the 
longitudinal region is the second region, reproduction is 
possible using the remaining information during subse- 
quent reproduction even although the information 

75 recorded in one of the regions is lost 

Next, with the medium of the present invention, the 
arrayed information may be improved in quality by array- 
ing the information encoded by the present information 
processing method and apparatus for effective utiliza- 

20 tion of the arrayable region. 

According to the present invention, since the quan- 
tity of bits employed for encoding the basic information 
and the subsidiary information may be increased not 
only in the compression encoding of high sound quality 

25 and high picture quality but also in the encoding of the 
sound or picture without compression, encoding and 
decoding of high sound and picture quality may be 
achieved, while there may be provided a medium on 
which the encoded information is arrayed. 

30 

Claims 

1. A method for processing the information compris- 
ing: 
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encoding the first digital information to be 
arrayed in plural regions proximate to informa- 
tion regions on a pre-set medium in which the 
second information is arrayed; and/or 
decoding the encoded first digital information 
arrayed in plural regions proximate to regions 
on the pre-set medium in which the second 
information is arrayed; 

said first digital information having the pre-set 
basic information and the subsidiary informa- 
tion for completing the basic information. 



2. The method for processing the information as 
claimed in claim 1 , wherein said first digital informa- 

50 tion includes the sound information. 

3. The method for processing the information as 
claimed in claim 1, wherein said second information 
includes the sound information. 



55 



4. The method for processing the information as 
claimed in claim 1 , wherein said first digital informa- 
tion is the basic information among said plural 
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channels, and said second information is other sub- 
sidiary information. 

5. The method for processing the information as 
claimed in claim 4, wherein the basic information of s 
the plural channels includes the audio information 

of at least a left channel, a center channel and a 
right channel, and wherein the subsidiary informa- 
tion includes the audio information of at least a left 
center channel and a right center channel. io 

6. The method for processing the information as 
claimed in any one of claims 2 to 5, wherein said 
basic information is the information of a frequency 
band lower than that of said subsidiary information. 75 

7. The method for processing the information as 
claimed in any one of claims 2 to 5, wherein said 
subsidiary information is a requantized sample of 
the quantization error of the basic information. 20 

8. The method for processing the information as 
claimed in any one of claims 1 to 7, wherein said 
pre-set medium is a motion picture film. 

25 

9. The method for processing the information as 
claimed in any one of claims 1 to 7, wherein said 
pre-set medium is a disc-shaped recording 
medium. 

30 

10. The method for processing the information as 
claimed in any one of claims 1 to 7, wherein said 
pre-set medium is a communication network. 

11. The method for processing the information as 35 
claimed in claim 8. wherein said plural regions for 
said first digital information are those regions 
defined between the perforations of a motion pic- 
ture film. 

40 

12. The method for processing the information as 
claimed in claim 8, wherein said plural regions for 
said first digital information are those regions 
defined between aligned perforations on both sides 

of a motion picture film. 45 

13. The method for processing the information as 
claimed in claim 8, wherein said plural regions for 
said first digital information are those regions 
defined between the perforations of a motion pic- so 
ture film and an edge of said motion picture film. 
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15. The method for processing the information as 
d aimed in claim 8, wherein said basic information 
and the subsidiary information are separately 
arrayed between perforations of a row of perfora- 
tions and between perforations of the other row of 
perforations. 

16. The method for processing the information as 
claimed in claims 8, 13. 14 or 15, wherein multi- 
channel sound signals are arrayed as said first dig- 
ital information. 

17. The method for processing the information as 
claimed in claims 8, 13, 14, 15 or 16, wherein said 
basic information and said subsidiary information 
are the high efficiency encoded information. 

18. The method for processing the information as 
claimed in claim 17, wherein said basic information 
and the subsidiary information are time-domain or 
frequency-domain samples, variable bit allocation 
is performed on said time-domain and frequency- 
domain samples of plural channels and wherein the 
apportionment of total bit allocation quantity of the 
bit allocation quantity for the basic information and 
the bit allocation quantity of the subsidiary informa- 
tion, summed together, to the entire channels, is set 
so as to be substantially constant. 

19. The method for processing the information as 
claimed in claim 17, wherein scaling factors for 
sample data of said subsidiary information are 
found from the scaling factors and word lengths of 
sample data of said basic information. 

20. The method for processing the information as 
claimed in any one of claims 1 7 to 1 9. wherein a bit 
allocation quantity to one of plural channels to 
which a bit quantity exceeding a pre-set constant 
reference quantity is allocated is resolved into a bit 
quantity portion of the basic information which is 
the bit apportionment not including channel bit allo- 
cation and not exceeding said reference quantity at 
most, and a bit quantity portion corresponding to 
the difference between bit apportionment including 
channel bit allocation as bit allocation of the subsid- 
iary information and bit apportionment not including 
channel bit apportionment of said basic informa- 
tion, and wherein variable bit apportionment is 
done to time-domain or frequency-domain samples 
of plural channels from channel to channel. 



14. The method for processing the information as 
claimed in claim 8, wherein said plural regions for 
said first digital information are those regions ss 
defined between the perforations of a motion pic- 
ture film and an edge of said motion picture film and 
between the perforations. 



21. The method for processing the information as 
claimed in claims 17 or 20, wherein said sample 
data of bit allocation of said subsidiary information 
is given as a difference between sample data 
obtained from bit apportionment including channel 
bit allocation and sample data obtained from bit 
apportionment not including channel bit allocation. 
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22. The method for processing the information as 
claimed in any one of claims 17 to 21, wherein the 
same quantization is earned out of sample data in a 
small-sized block divided along time and frequency. 

5 

23. The method for processing the information as 
claimed in claim 22. wherein for producing sample 
data in a small-sized block divided along time and 
frequency, a pre-set blocking frequency analysis 
comprising carrying out frequency analyses for 10 
each of plural blocks consisting of plural samples is 
carried out during encoding and pre-set frequency 
synthesis comprising carrying out frequency syn- 
thesis for data processed with the blocking fre- 
quency analyses is carried out during decoding. is 

24. The method for processing the information as 
claimed in claim 22, wherein for producing sample 
data in a small-sized block divided along time and 

— frequency, a pre-set non-blocking frequency analy- 20 
sis comprising carrying out frequency analyses 
without blocking is performed during encoding and 
wherein pre-set non-blocking frequency synthesis 
is performed on data processed with pre-set non- 
blocking frequency synthesis. 25 

25. The method for processing the information as 
claimed in claim 24, wherein the frequency band- 
width of said non-blocking frequency analyses is 
selected to be broader with increasing frequency in 30 
at least the highest frequency band. 

26. The method for processing the information as 
claimed in claim 24 or 25, wherein said blocking fre- 
quency analysis is modified discrete cosine trans- 35 
form. 

27. The method for processing the information as 
claimed in any one of claims 24 to 26, wherein block 
size in said blocking frequency analysis is adap- <o 
tively changed depending on time characteristics of 
the input signal. 

28. The method for processing the information as 
claimed in claim 27, wherein the block size is 45 
changed independently for each output of at least 
two of the non-blocking frequency analyses. 

29. The method for processing the information as 
claimed in any one of claims 18 to 28. wherein the so 
sum of bit allocation portions for the basic informa- 
tion and the bit allocation portions for said subsidi- 
ary information for respective channels is changed 
depending on the maximum sample value or the 
scale factor of each channel. 55 

30. The method for processing the information as 
claimed in any one of claims 18 to 29. wherein the 
channel-to-channel bit apportionment is changed 
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with time changes in amplitude information of an 
energy value, a peak value or a mean value of infor- 
mation signals of each channel. 

31. An apparatus for processing the information com- 
prising: 

encoding means for encoding the first digital 
information to be arrayed in plural regions prox- 
imate to information regions on a pre-set 
medium in which the second information is 
arrayed; and/or 

decoding means for decoding the encoded first 
digital information arrayed in plural regions 
proximate to information regions on a pre-set 
mecfium in which the second information is 
arrayed; 

wherein said first digital information has the 
pre-set basic information and the subsidiary 
information supplementing said basic informa- 
tion. 

32. The apparatus for processing the information as 
claimed in claim 31. wherein said first digital infor- 
mation includes the sound information. 

33. The apparatus for processing the information as 
claimed in claim 31, wherein said second informa- 
tion includes the sound information. 

34. The apparatus for processing the information as 
claimed in any one of claim 32 or 33, wherein said 
basic information is the information of a frequency 
band lower than that of said subsidiary information. 

35. The apparatus for processing the information as 
claimed in any one of claim 32 or 33, wherein said 
subsidiary information is a requantized sample of 
the basic information. 

36. The apparatus for processing the information as 
claimed in any one of claims 31 to 35, wherein said 
pre-set medium is a motion picture film. 

37. The apparatus for processing the information as 
claimed in any one of claims 31 to 35. wherein said 
pre-set medium is a disc-shaped recording 
medium. 

38. The apparatus for processing the information as 
claimed in any one of claims 31 to 35, wherein said 
pre-set medium is a communication network. 

39. The apparatus for processing the information as 
claimed in claim 36, wherein said plural regions for 
said first digital information are those regions 
defined between the perforations of a motion pic- 
ture film 
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40. The apparatus tor processing the information as 
claimed in claim 36. wherein said plural regions for 
said first digital information are those regions 
defined between aligned perforations on both sides 

of a motion picture film. 5 

41. The apparatus for processing the information as 
claimed in claim 36. wherein said plural regions for 
said first digital information are those regions 
defined between the perforations of a motion pic- io 
ture film and an edge of said motion picture film. 



quantity portion of the basic information which is 
the bit apportionment not including channel bit allo- 
cation and not exceeding said reference quantity at 
most, and a bit quantity portion corresponding to 
the difference between bit apportionment including 
channel bit allocation as bit allocation of the subsid- 
iary information and bit apportionment not including 
channel bit apportionment of said basic informa- 
tion, and wherein variable bit apportionment is 
done to time-domain or frequency-domain samples 
of plural channels from channel to channel. 



42. The apparatus for processing the information as 
claimed in claim 36. wherein said plural regions for 
said first digital information are those regions 75 
defined between the perforations of a motion pic- 
ture film and an edge of said motion picture film and 
between the perforations. 

43. The apparatus for processing the information as 20 
claimed in claim 36. wherein said basic information 
and the subsidiary information are separately 
arrayed between perforations of a row of perfora- 
tions and between perforations of the other row of 
perforations. 25 

44. The apparatus for processing the information as 
claimed in claims 36, 41, 42 or 43, wherein multi- 
channel sound signals are arrayed as said first dig- 
ital information. 30 

45. The apparatus for processing the information as 
claimed in claims 36, 41 , 42, 43 or 44, wherein said 
basic information and said subsidiary information 
are the high efficiency encoded information. 35 



49. The apparatus for processing the information as 
claimed in claims 45 or 43, wherein said sample 
data of bit allocation of said subsidiary information 
is given as a difference between sample data 
obtained from bit apportionment including channel 
bit allocation and sample data obtained from bit 
apportionment not including channel bit allocation. 

50. The apparatus for processing the information as 
claimed in any one of claims 45 to 49. wherein the 
same quantization is carried out of sample data in a 
small-sized block divided along time and frequency. 

51. The apparatus for processing the information as 
claimed in claim 50, wherein for producing sample 
data in a small-sized block divided along time and 
frequency, a pre-set blocking frequency analysis 
comprising carrying out frequency analyses for 
each of plural blocks consisting of plural samples is 
carried out during encoding and pre-set frequency 
synthesis comprising carrying out frequency syn- 
thesis for data processed with the blocking fre- 
quency analyses is carried out during decoding. 



46. The apparatus for processing the information as 
claimed in claim 45, wherein said basic information 
and the subsidiary information are time-domain or 
frequency-domain samples, variable bit allocation 
is performed on said time-domain and frequency- 
domain samples of plural channels and wherein the 
apportionment of total bit allocation quantity of the 
bit allocation quantity for the basic information and 
the bit allocation quantity of the subsidiary informa- 
tion, summed together, to the entire channels, is set 
so as to be substantially constant 

47. The apparatus for processing the information as 
claimed in claim 45, wherein scale factors for sam- 
ple data of said subsidiary information are found 
from the scaling factors and word lengths of sample 
data of said basic information. 

48. The apparatus for processing the information as 
claimed in any one of claims 45 to 47. wherein a bit 
allocation quantity to one of plural channels to 
which a bit quantity exceeding a pre-set constant 
reference quantity is allocated is resolved into a bit 



52. The apparatus for processing the information as 
claimed in claim 50, wherein for producing sample 
data in a small-sized block divided along time and 

40 frequency, a pre-set non -blocking frequency analy- 
sis comprising carrying out frequency analyses is 
performed during encoding and wherein pre-set 
non-blocking frequency synthesis is performed on 
data processed with pre-set non-blocking fre- 
45 quency synthesis. 

53. The apparatus for processing the information as 
claimed in claim 52. wherein the frequency band- 
width of said non-blocking frequency analyses is 

50 selected to be broader with increasing frequency in 
at least the highest frequency band. 

54. The apparatus for processing the information as 
claimed in claim 52 or 53. wherein the frequency 

55 width of said non-blocking frequency analysis is 
selected to be broader with increase in frequency in 
at least the highest frequency band. 
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55. The apparatus tor processing the information as 
claimed in any one of claims 52 to 54, wherein said 
blocking frequency analysis is modified discrete 
cosine transform. 

5 

56. The apparatus for processing the information as 
claimed in any one of claims 52 to 55, wherein the 
block size in said blocking frequency analysis is 
adaptively changed depending on time characteris- 
tics of the input signal. 10 

57. The apparatus for processing the information as 
claimed in claim 56, wherein the block size is 
changed independently for each output of at least 
two of the non-blocking frequency analysis. 15 

58. The apparatus for processing the information as 
claimed in any one of claims 46 to 57. wherein the 
sum of bit allocation portions for the basic informa- 
tion and the bit allocation portions for said subsidi— 20 
ary information for respective channels is changed 
depending on the maximum sample value or the 
scale factor of each channel. 

59. The apparatus for processing the information as 25 
claimed in any one of claims 46 to 58. wherein the 
channel-to-channel bit apportionment is changed 
with time changes in amplitude information of an 
energy value, a peak value or a mean value of infor- 
mation signals of each channel. so 
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information of each channel alternately recorded in 
each channel in one sync block and said bit alloca- 
tion sample group of the subsidiary information. 

64. The apparatus for processing the information as 
claimed in claim 48, wherein said decoding means 
effects detection of a channel in which the bit quan- 
tity larger than the pre-set reference quantity is allo- 
cated depending on whether the allocation bit 
quantity to the channel is larger than or equal to the 
reference quantity of the subsidiary information 
smaller than said pre-set reference quantity. 

65. A medium in which the first digital information hav- 
ing the basic information and the subsidiary infor- 
mation completing said basic information is arrayed 
in plural regions excluding those for arraying the 
second information, said basic information and the 
subsidiary information having been encoded by the 
method for processing the information as claimed in 
any one of claims 1 to 30. 

66. A medium in which the first digital information hav- 
ing the basic information and the subsidiary infor- 
mation completing said basic information is arrayed 
in plural- regions excluding those for arraying the 
second information, said basic information and the 
subsidiary information having been encoded by the 
apparatus for processing the information as 
claimed in any one of claims 31 to 64. 



60. The apparatus for processing the information as 
claimed in claim 48. wherein said encoding means 
separates in each sync block a bit allocation sample 
group of the basic information allocating a bit quan- 35 
tity larger than a pre-set reference quantity for plural 
channels from the bit allocation sample group of the 
remaining subsidiary information of the bit alloca- 
tion sample group of the basic information for plural 
channels for recording on said pre-set medium, 40 

61. The apparatus for processing the information as 
claimed in claim 60, wherein the bit allocation sam- 
ple group of the basic information and the bit alloca- 
tion sample group of the subsidiary information are 45 
alternately recorded in each channel. 

62. The apparatus for processing the information as 
claimed in claim 46. wherein said decoding means 
decode and reproduce the bit allocation sample so 
group of the basic information for plural channels 
and the bit allocation sample group of the subsidi- 
ary information fa plural channels taken out after 
recording on the pre-set recording medium in sepa- 
ration from each other in one sync block. ss 

63. The apparatus for processing the information as 
claimed in claim 46, wherein said decoding means 
decode and reproduce the bit allocation sample 
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